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This  report  describes  the  prototype  of  a Direct  Digital  Modulation JCower ter 
(DDHC).  The  codes  considered  are  PCM  (pulse  code  modulation)  and  (delta 
modulation^  with  sampling  frequencies  of  16,  19.2,  32,  38.4  for  the  later. 

The  objective  Is  to  convert  from  one  form  of  digitized  voice  signal  to  another 
without  reconstruction  of  the  original  analog  signal.  The  results  obtained 
Indicate  that  DDMC's  can  be  designed  with  characteristics  as  good  as  the 
existing  analog  means  for  converting  between  different  codes.  The  prototype  ^ 
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PREFACE 


Our  team  is  indeed  very  happy  to  present  this  second  and 
final  report  on  a direct  digital  modulation  converter  to  convert 
from  pulse  code  modulation  to  delta  modulation  or  vice-versa.  The 
development  shown  in  this  text  is  the  result  of  an  original  ap- 
proach to  the  subject,  which  was  first  presented  in  1967  and  was 
further  developed  in  1973  (phase  1 report) . 

We  are  firmly  convinced  that  our  findings  lift  one  of 
the  major  difficulties  raised  against  the  introduction  of  delta 
modulation  in  the  existing  telecommunication  network.  This  is 
valid  for  military  systems  (tactical  or  strategic)  as  well  as 
for  commercial  networks. 


This  report  describes  the  prototype  of  a Vlgltat 

SU'duiation  C on\<c.'i tc.fi  (PPMC).  The  codes  considered  are  PCM  ipat&c 
code  nioduHation)  and  AM  idetta  modu  f ntion)  with  sampling  frequen- 
cies of  16,  19.2,  32  and  38.4kHz  for  the  latter. 

The  objective  is  to  convert  from  one  form  of  digitized 
voice  signal  to  another  without  ‘reconstruction  of  the  original 
analog  voice  signal.  A single  channel  system  is  considered  and 
operating  time  is  consequently  only  limited  by  the  125psec.  fra- 
me prescribed  by  the  PCM  sampling  frequency. 

The  results  obtained  indicate  that  DDMC's  can  be  designed 
with  characteristics  as  good  as  the  existing  analog  means  for 
converting  from  one  code  to  the  other. 

The  prototype  herein  presented  uses  serial  operation  and 
is  built  with  TTL  logic.  It  works  with  a CVSD  operating  at  four 
different  sampling  frequencies  and  in  connection  with  five  PCM 
channel  banks. 
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DIRECT  DIGITAL  MODULATION  CONVERTER 


The  value  of  this  program  was  to  show  that  direct  digital  code 
conversion  between  dissimilar  digitized  voice  systems  can  be  accom- 
Pllshed  with  no  degradation  in  voice  quality.  Prior  to  the  Direct 
Digital  Modulation  Converter  (DDMC),  no  technique  existed  that  made 
ulse  Code  Modulation  (PCM)  and  Continuously  Variable  Slope  Delta  (CVSD) 
modulation  techniques  directly  compatible  and  Interoperable.  The  DDMC 
can  significantly  Improve  Long  Haul  Voice  communications  by  decreasing 
the  number  of  Analog-to-Dlgltal,  Dlgltal-to-Analog  conversions  to  which 
tne  original  signal  would  have  been  subjected. 


includes  the  development  fo  the  Unified 
Digital  Switch  for  future  Integrated  Defense  Communications  Systems, 
interconnection  between  different  types  of  digitized  voice  users 

accommodate  the  aforementioned  types  of 
users,  without  degradation  in  voice  quality,  a DDMC  will  be  an  Integral 
part  of  the  switch.  This  will  enable  interoperability  between 
otherwise  incompatible  digitized  voice  systems. 
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1-  iriTRODUCTIOM 

The  objective  of  the  present  report  is  to  present  the  re- 
sults of  a feasibility  study  on  a V^fi£.ct  digital  Modui.ation  Con- 
v'OVtC'i,  hereafter  referred  to  as  DDMC,  and  to  describe  the  DDMC 
prototype  design  and  implementation. 

Vl^dct  Digital  Modulation  Conv^fi&lon  is  defined  as  con- 
version from  one  form  of  digitized  voice  signal  to  another 
without  reconstruction  of  the  original  analog  voice  signal.  In 
this  study,  we  will  limit  ourselves  to  two  types  of  numerical 
formats  for  voice,  pul&i.  cod&  modulation  (PCM)  and  dtlta  modula- 
tion (AM)  . 

The  scope  of  this  program  is  to  determine  the  feasibili- 
ty of  developing  a 6lngl&  AM-PCM  DDMC.  Operating  time  is  there- 
fore not  a parameter  of  importance  as  long  as  the  DDMC  operates 
within  the  125ysec  frame  prescribed  by  the  PCM  sampling  frequency; 
it  is  a technological  problem,  once  the  present  efforts  are  righ- 
tly concluded,  to  bring  the  operating  time  to  less  than  5ysec 
which  would  allow  multiplexing  of  several,  possibly  24,  communi- 
cations and  would  render  the  DDMC  highly  competitive  with  other 
equipment  when  inserted  in  an  lnto.g^at&d  ttlzcommunlcatlon  n&t- 
u'oik.  Such  a network  includes  possibly  three  types  of  switching 
offices-spatial,  PCM  and  AM-;  sxibscribers  could  have  numerical 
transmission  right  from  their  set. 

The  minimum  technical  characteristics  required  from  the 
DDMC  are  those  of  the  available  link  (PCM  coder-PCM  decoder- 
analog-AM  coder-AM  decoder  or  vice  versa).  In  the  feasibility 
study,  the  6lgnal-to-noUc  (S/N)  ratio  is  the  primary  performan- 
ce criterian.  The  ratio  is  obtained  from  test  tones  at  various 
amplitudes  (dynamic  range) . 

The  digital  link  that  the  DDMC  provides  has  to  give  equal 
or  better  quality,  in  terms  of  S/N,  than  the  voice  quality  obtain- 
ed with  the  analog  link,  where  signals  are  converted  to  analog 
form  before  being  again  coded  digitally.  The  present  study  shall 
consider  the  CVSD  type  of  delta  codecs  and  the  four  different 
PCM  channel  banks:  the  D-1,  TD968,  TD660  and  the  European  sys- 
tem. 


In  Chapter  2,  the  computer  simulation  of  the  CVSD  and  of 
the  converter  (DDMC)  is  described. 

Chapter  3 deals  with  the  implementation  of  the  CVSD  and 
of  the  DDMC.  The  structure  of  the  DDMC  is  first  analysed  and  the 
overall  design  is  then  described.  Detailed  circuit  operation, 
drawings,  diagrams  and  components  are  given  in  appendices  A and 
B.  Results  of  objective  and  subjective  tests  are  given  in  Chap- 
ter 4.  A general  conclusion  finally  closes  the  study  with  a re- 
view of  the  main  characteristics  found. 
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Hie  delta  cxxiec  is  an  A/D  converter.  It  is  a closed  loop  system 
whereby'  the  bit  trananitted  indicates  the  slope  of  the  input  signed  betMeen 
tMD  sanpling  times.  The  transmitted  digitized  signal  is  reconstructed  in  the 
feedback  loop  which  is  the  demodulator;  this  demodulator  is  the  inportant  part 
of  the  system  and  its  design  differentiates  one  codec  frem  others. 


Figure  2.1  shows  the  block  diagram  of  a non-adaptive  delta  codec 


Clock  (S.C.) 


I 1 r~ 

I Comparator  I 


Quantizer 


Integration  

network 


Local  demodulator 


Integration 

network 


Receiving  end  demodulator 


Low- pass 
filter 
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FIGURE  2. 1.-  Non  adaptive  deJUa  codec  pKlnciple. 


■Hie  iiput  signal  (E)  is  oonpared  to  the  reconstructed  signal  (Z) 
in  the  ccxiparator;  the  difference  or  error  (E-Z)  is  then  passed  through  a 
twD-level  quantizer,  vAiich  is  controlled  by  a sanpling  clock  (S.C.) . At  each 
clock  time  the  quantizer  gives  the  informatics  on  the  sign  of  the  error.  Tte 
quantizer  output  is  a "1"  if  the  error  is  positive  and  a "-1"  if  the  error  is 
negative.  The  sequence  (P)  of  "1”  and  "-1"  is  then  integrated  in  the  feedback 
loop;  the  gain  (G)  is  the  static  gain  of  the  integration  network.  The  output 
of  the  "local"  datodulator  is  a staircase  signal  (Z)  called  the  reconstructed 
signal. 

At  the  receiving  end,  the  output  of  the  demodulator  (identical  to 
the  local  derrxJulator  in  the  feedback  loop  of  the  codec)  or  the  reconstructed 
signal  (Z)  is  passed  through  a low-pass  filter  which  anoothes  the  staircase 
signal  by  removing  the  high  frequency  oorponents. 


2.I.2.C.V.S.D.  PRINCIPLE 

The  oontinuDus-variable-slope-delta  (CVSD)  modulation  system  is  an 
adaptive  type  delta  codec  since  the  gain  of  the  datiodulator  in  the  feec^ck 
loop  is  made  variable  in  order  to  follow  the  anplitude  or  slope  variation  of 
the  input  signal. 


In  the  CVSD,  adeptation  or  oorpanding  is  achieved  throu^  the  past 
behaviour  of  the  signal  averaged  over  a rather  long  period  of  time,  ccnpared 
to  the  sampling  period;  the  control  is  done  with  the  digital  description  of 
the  waveform  (bit  stream) . 

Figure  2.2  shows  the  block  diagram  of  the  CVSD. 
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FIGURE  2.2.-  CVSV  block  cUagfum. 
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The  simulated  codec  is  shown  in  Figure  2.3. 
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Table  2.1  and  Figure  2.5  give  the  simulation  results  ob- 
tained for  the  CVSD  with  a 750Hz  test  tone  at  four  delta  seumpling 
frequencies . 


[nput^^^^Q* 

^MPLITUDE''^ — 

1 S/N  ratios  in  db 1 

16KHZ 

1 

19.2Khz 

32KHZ 

38.4KHZ 

0.01 

6.87 

10.93 

0.03 

4^78 

5.76 

17.22 

21.44 

0.10 

9.27 

14.95 

20.59 

23.07 

0.30 

9.07 

14.84 

22.16 

26.28 

0.60 

11.14 

13.59 

25.34 

28.15 

1.00 

12.89 

14.03 

23.90 

26.91 

2.00 

13.97 

16.18 

21.85 

23.40 

3.00 

14.08 

15.96 

20.20 

21.69 

6.00 

13.77 

14.90 

16.65 

17.04 

''dc 

?61mV 

261r»V 

525mV 

525mV 

TABLE  2.1.-  Cl/SV  computed  S/N  fiatloi  a 750  ttAt  tom 


2aZi..-CQfiY£RT£RS 

Delta  Modulation  and  PCM  are  two  different  methods  of 
digitally  representing  an  analog  signal.  Both  transmit  only 
sanples  of  the  input  signal  and  thus  the  information  on  the  signal 
is  available  only  at  sampling  time.  In  the  present  application, 
they  differ  in  two  ways: 

-they  do  not  use  the  same  digital  code  to 
transmit  the  information  on  the  sanples. 

-their  sampling  rates  are  different. 

Therefore,  a PCM  decoder  receiving  a binary  delta  sequence  is 
un2d>le  to  reconstruct  the  analog  signal  for  two  reasons: 

-as  seunpling  rates  are  different,  it  is  not 
looking  for  the  information  at  the  right  time. 

-as  the  codes  are  different,  it  cannot 
"understand"  the  meaning  of  the  binary 
words  it  is  receiving. 


To  interface  between  delta  and  PCM  systems,  the  DDMC 
has  to  realize  a code  conversion  and  a sampling  rate  conversion 
This  is  done  by  using  an  intermediate  binary  code  which  permits 
easv  conversion  to  and  from  delta  or  PCM.  The  sampling  rate  con 
version  is  made  at  this  coding  level. 

The  selected  intermediate  code  is  a linear  binary  re- 
presentation of  the  signal  amplitude  (linear  PCM) . It  permits 
easy  rate  conversion  by  means  of  interpolation  methods. 
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FIGtfRF  2.6.-  Gewe^at  Method  oi(  Viflitat  Conve^&ion. 

In  the  A to  PCM  DDMC,  a delta  code  word  is  converted 
(code  conversion.  Fig.  2.6)  into  a linear  PCM  code  word  (interme- 
diate code) . The  intermediate  code  words  are  produced  at  the  A 
sampling  rate  (38.4  32.0,  19.2  or  16  kHz).  These  code  words  are 
needed  at  the  PCM  sampling  instants.  As  the  output  PCM  uses  an 
8kHz  sampling  rate,  a rate  conversion  from  the  delta  sampling 
frequency  down  to  the  PCM  sampling  frequency  is  necessary.  After 
this  conversion  the  intermediate  code  words  are  available  at  PCM 
sampling  rate.  A second  code  conversion  is  necessary  to  transform 
the  intermediate  code  word  (linear  PCM)  into  the  output  PCM  word 
(compressed  PCM) . 

In  the  PCM  to  A DDMC  (Fig.  2.6),  the  reverse  operations 
are  performed.  The  input  PCM  word  (compressed  PCM)  is  converted 
into  a linear  PCM  word  (intermediate  code)  by  a code  conversion. 
This  intermediate  code  word  is  then  made  available  at  A sampling 
instant  by  a rate  conversion.  This  result  is  an  intermediate 
code  at  the  A rate  which  is  converted  (code  conversion)  into  the 
output  delta  code. 


The  delta  to  PCM  and  PCM  to  delta  DDMC's  are  completely 
digital.  They  work  with  sampled  signals  expressed  in  binary  form. 

Therefore,  once  per  sampling  period  each  block  in  Fi- 
gures 2.7 (section  2. 2. 1.1.)  and  2.9 (section  2. 2. 1.2)  receives 
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a binary  number  which  represents  the  input  value  and  uses  it  to 
compute  the  output  value  which  is  also  a binary  number. 


2. 2. 1.1.  DELTA  MODULATION  TO  CONVERSION 

Figure  2.7  shows  the  general  model  of  a A to  PCM  DDMC. 
The  code  conversion,  from  delta  to  linear  PCM  (intermediate  code) 
is  made  by  the  gain  control  circuit  and  the  digital  integrator. 


FTGf/;?-  2.7.-  Ge.n(Ln.<Lt  Hod<Lt  oi  a L to  PCM  VVMC. 

The  intermediate  code  represents  the  amplitude  of  the 
transmitted  signal.  To  reconstruct  this  amplitude  (at  the  delta 
sampling  ratej  the  incoming  delta  sequence  is  first  fed  into  the 
fiain  contfLoi  circuit  which  determines  the  delta  step  size.  This 
gain  control  circuit  is  a logic  circuit  which  utilizes  an  algo- 
rithm similar  to  the  algorithm  of  the  delta  modulator.  Using  the 
delta  sequence,  it  generates  once  per  A period  a binary  word 
which  represents  the  value  of  the  delta  step  at  this  instant. 

The  digital  Intzg^atoA  is  another  logic  circuit  which  determines 
the  amplitude  of  the  transmitted  signal  by  adding  the  delta  step 
values.  It  is  a digital  addition  and  the  output  is  a binary  word; 
the  intermediate  code  word. 

The  digital  filter  and  the  sampler  at  PCM  rate  realize 
the  delta  to  PCM  rate  conversion.  The  digital  filltzK  is  a logic 
circuit  which  transforms  the  digital  version  of  the  signal  (re- 
presented by  the  binary  intermediate  code)  in  the  Seune  way  as  a 
continuous  filter  would  transform  the  analog  version  of  the  same  i 

signal  (represented  by  an  analog  voltage) . It  is  a low-pass  fil- 
ter (cut-off  frequency  around  3.5  kHz)  whose  purpose  is  to  atte-  j 

nuate  high  frequency  components  of  the  delta  quantizing  noise. 

The  output  of  the  filter  is  again  a sequence  of  binary  words  which 
represents  the  transmitted  signal  smoothed  by  the  low-pass  cha- 
racteristic. 

1 

The  rate  reduction  from  delta  frequency  down  to  8 kHz  . | 

is  made  by  the  ■iamplzK.  At  the  input  of  the  seunpler,  the  amplitu-  | 

de  of  the  voice  signal  (intermediate  code  word)  is  known  at  each  r 

delta  sampling  instant.  The  sampler  is  a logic  circuit  which  has  | 

to  generate  an  intermediate  code  word  at  each  PCM  sampling  time,  | 

The  complexity  of  the  circuit  depends  on  the  delta  sampling  rate.  I 
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At  32kHz,  the  sampler  only  needs  to  disregard  three  samples  out  of 
of  four  and  keep  the  fourth  one.  At  19.2kHz  and  38.4kHz  the  circuit 
is  more  complex  because  the  delta  rate  is  no  longer  a multiple  of 
the  PCM  rate  and  the  sampling  instants  are  not  coincident.  In  this 
case  the  PCM  sampling  time  is  generally  in  between  two  delta  sam- 
pling times  and  as  the  value  of  the  intermediate  code  is  known 
only  at  delta  sampling  time,  the  value  at  PCM  sampling  time  must 
be  estimated  by  an  interpolation  method.  The  interpolation  method 
depends  on  the  system  signal- to-noise  ratio  (i.e  depends  on  the 
type  of  delta  modulation  and  on  the  sampling  frequency)  : 


-when  possible  without  degrading  the  system  performance, 
a ZQ.^ic-c'ida'i  digitai  hoidtn  is  used.  In  this  case  the  latest 
available  value  is  stored  (hold)  and  used  when  needed  (Figure 
3.3)  . 

-when  a higher  quality  is  necessary,  a lima.fi  inte.fipo- 
lation  is  used  (Figure  2.8). 


Such  interpolations  add  noise  to  the  system  and  in  some 
cases  a low-pass  digital  filter  (cut-off  frequency  around  3.5kHz) 
must  be  placed  after  the  interpolator  to  remove  excessive  out-of- 
voice-band  noise. 


VI  and  V2  afie.  two  4ticce44-tve  code  wofids  at  A .iampling 
time.  P't  and  P2  afie.  two  diiiQ.fie.nt  zitimatti  oi  the  code  value  at 
PCM  sampling  time.  Pj  i6  obtained  by  zefio-ofiden.  holding  and  P2  by 
lineafi  interpolation. 


FIGUKE  2.S.-  Interpolation  Methods 


The  intermediate  code  word  which  appears  at  the  output 
of  the  sampler  at  PCM  rate  is  a binary  linear  representation  of 
the  transmitted  signal.  This  linear  word  is  then  compre6.&ed  into 
the  7 or  8 bit  PCM  code  according  to  the  remote  PCM  channel  bank 
characteristic . 
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2.2. 1.2.  PCM  TO  DELTA  MODULATIQM 

The  general  model  of  a PCM-delta  DDMC  is  shown  in  Figu- 


FIGURE  2.9.-  Ge.ne.fLat  Hodet  oi  a PCM  to  A VVMC. 

The  PCM  expandofL  converts  the  incoming  PCM  word  (com- 
pressed) into  the  intermediate  code  word  (linear  PCM,  see  Figure 
2.6)  . 

The  Aampt^fL  performs  the  rate  conversion  from  PCM  to 
delta  sampling  frequencies.  The  PCM  sampling  rate  being  smaller 
than  the  delta  cne,  intermediate  code  words  (in  between  two  PCM 
samples)  are  estimated  by  interpolation  methods  similar  to  those 
of  section  2. 2. 1.1.  At  the  output  of  the  sampler,  binary  inter- 
mediate code  words  are  available  at  delta  rate. 

The  compafiatofL  and  the  gatn  contfiot  cificult  and  the 
digital  integfiatoK  realize  the  conversion  from  intermediate  to 
delta  codes.  At  each  delta  sampling  time,  the  intermediate  code 
word  is  compared  to  the  binary  word  generated  by  the  feedback 
loop  gain  control  and  integrator.  A delta  bit  one  or  zero  is 
produced  depending  on  the  result  of  the  comparison  (positive  or 
negative  resvlt) . This  delta  bit  is  available  for  transmission 
emd  is  als^  fad  into  the  feedback  loop.  With  this  information,  the 
gain  contrt - circuit  and  the  digital  integrator  determine  the 
value  of  the  reconstructed  signal.  The  gain  control  and  the  inte- 
grator were  described  in  section  2.2.1. I . 

2.2.2.  SYSTEM  APPROACH 

Performances  of  PCM  and  delta  codecs  are  evaluated  by 
computing  the  amount  of  quantizing  noise  they  add  to  the  trans- 
mitted signal.  The  same  criterion  has  to  be  used  for  the  DDMC,  but 
it  is  impossible  to  consider  it  alone.  The  converter  receives  a 
binary  code  and  produces  another  code  which  cannot  be  used  direc- 
tly to  compute  the  signal- to-noise  ratios.  Therefore,  the  DDMC 
must  be  simulated  when  inserted  in  the  complete  codec-converter- 
codec  system. 
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The  objective  is  to  have  a quality  better  (or  equal)  than  the  qua- 
lity obtained  by  going  back  to  an  analog  signal  to  make  the  conversion.  Thus, 
the  ccnplete  systerns  shewn  in  Figure  2.10  have  to  be  simulated  and  their  per— 


FIGURE  2.108.-  Sy6tm  uUMi  ITCWC'4. 

fonranoes  oGnpared,  the  signal-to-noise  ratio  of  the  analog  syston  being  used 
as  a reference.  It  must  be  noted  that  the  DOC,  being  digital,  can  be  exactly  ^ 

simulated  on  a general  purpose  conputer.  Hus  is  not  true  for  tte  delta  and  f 

PCM  codecs  vhich  are  partly  analog  circuits  which  have  to  be  digitized  in  or- 
der to  be  simulated.  Because  of  analog  hardK«are  inperfections,  the  real  oo-  , 

decs  introduce  more  degradation  than  the  simulated  ones  and  therefore  the  ECMC  i 

could  be  designed  to  give  a S/N  lower  (prc^sably  by  2 or  3db)  than  the  refe-  ; 

rence  but  would  still  offer  the  same  quality  as  the  analog  system.  However,  j 

it  was  decided  to  design  it  to  obtain  the  same  S/M  as  the  reference  for  the  | 

following  reasons;  | 

1.  to  have  as  good  a quality  as  possible, 

2.  since  no  practical  tests  had  yet  been  made,  the  difference 
between  oenputed  and  real  performances  of  the  analog  system 
could  not  be  properly  evaluated. 
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16kHz  delta  to  pen  fFinimc  7. in 

In  Figure  2.11  and  in  all  the  following  figures  the  diait- 
al  filters  are  defined  by  their  Z-transfer  functions.  Each  filter 
is  represented  by  a box  which  contains  the  function  with  the  pro- 
per coefficient  values. 

As  explained  in  Section  2. 2. 1.1  the  first  block  is  the 
gain  control  circuit  whiph  receives  the  delta  sequence  and  which 
generates,  once  per  sampling  period,  a binary  number  representing 
the  delta  step  size.  In  the  case  of  CVSD  the  gain  control  circuit 
is  made  of  a logic  block  followed  by  an  analog  syllabic  filter 
(see  section  2,1.2).  Therefore,  the  DDMC  gain  control  cir- 
cuit contains  the  same  logic  block  followed  by  a digital  sylla- 
bic filter. 

The  digital  integrator  is  a digital  first-order  low- 
pass  filter  with  a very  low  cut-off  frequency.  It  digitally  in- 
gegrates  all  the  binary  numbers  received  from  the  gain  control 
circuit  and  produces,  once  per  delta  sampling  period,  a binary 
number  which  represents  the  sum  of  all  the  delta  steps.  This  bi- 
nary number  is  the  intermediate  code  word. 

The  intermediate  code  word  is  then  processed  by  a 4th- 
order  digital  low-pass  filter  in  order  to  attenuate  high  frequen-' 
cies  of  the  quantizing  noise  before  the  rate  conversion.  Once  per 
delta  sampling  period  the  filter  produces  a linear  PCM  word  (bi- 
nary number)  which  represents  the  transmitted  voice  signal  from 
which  the  delta  noise  has  been  filtered. 

The  rate  conversion  form  delta  to  PCM  sampling  frequency 
is  made  by  a zero-order  holder  (see  section  2. 2. 1.1)  followed  by 
a sampler  at  8kHz  (PCM  rate).  The  output  of  the  sampler  is  a 
linear  PCM  word  (intermediate  code)  which  is  digitally  compressed 
(see  section  2. 2. 1.1)  to  produce  the  PCM  word. 

2. 2. 2. 2.  pen  TO  16kHz  delta  (figure  2.12) 

The  intermediate  code  (linear  PCM)  at  PCM  rate  is  pro- 
duced by  the  PCM  expander  (see  section  2. 2. 1.2)  . 

The  rate  converter  must  increase  the  sampling  frequency 
from  8 to  16  kHz.  It  is  made  of  a linear  interpolator  (section 
2. 2.1.1)  and  of  a first-order  low-pass  digital  filter.  The  low-pass 
filter  (cut-off  frequency  3.2  kHz)  smoothes  the  staircase  type 
signal  given  by  the  linear  interpolation.  The  output  of  the  fil- 
ter is  thus  the  intermediate  code  at  16kHz. 

The  intermediate  code  to  delta  conversion  is  made  by 
comparing  the  value  of  the  intermediate  word  to  the  value  of  the 
digital  number  produced  by  the  feedback  loop.  As  explained  in 
Section  2. 2. 1.2  delta  bit  1 or  0 is  transmitted  depending  on  the 


result  of  the  comparison  and  the  feedback  loop  is  composed  of  a gain 
control  circuit  and  an  integrator  similar  to  those  of  Saction 
2. 2. 2.1. 


Syllabic  filter 


Logic 

gain  control 

r-6. 964575^ 

62. S 


(x> 


Diciital  integrator  4-th  order  low-pass  filter 


1 

aa.75z"^>.992188z"^)  (l».9375z‘^^  .99609z"^) 

l-0 . 

(1-1. 125z”^*.46875z“^)  (l-.625z"^+ .8125z"^) 

8kHz 

_x. 


to  PCM 
compressor 


FIGURE  2,11,-  16kHz  CVSV  to  PCM  PPMC 

2,2. 2, 3,  32kHz  Delta  to  pcm  (figure  2.13) 


Except  for  the  sampling  frequency  this  converter  is  si-  s 

milar  to  the  one  of  Section  2. 2. 2.1.  Again  a 4th—  order  low-pass  s 

filter  is  used  to  attenuate  delta  noise  high  frequencies.  Its  cut- 
off frequency  is  3.2kHz.  As  indicated  in  Section  2.2.1  the  holder  and  S 

smoothing  filters  are  not  necessary  when  the  sampling  rate  is  reduced  j 

from  32kHz  to  8kHz.  As  sampling  times  are  coincident  it  suffices 
to  use  one  sample  out  of  four  and  to  disregard  the  three  others. 

It  must  be  noted  that  the  coefficient  values  of  a digi- 
tal filter  depend  on  the  sampling  frequency.  Therefore  the  coef- 
ficients of  the  32kHz  filter  (integrator  and  low-pass  filter)  are 
different  from  the  coefficients  of  the  16  kHz  filters  of  Section 
2. 2. 2.1  even  though  the  frequency  responses  are  similar. 

PCM  TO  32kHz  delta  (figure  2.14) 


Except  for  the  sampling  frequency,  this  circuit  is 
same  as  the  one  of  Section  2. 2. 2. 2. 


the 
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i<  to  16kHz  CVSV 


Syllabic  filter 


FIGURE  2.15-  19.2kHz  CVSV  to  PCM  VVMC. 

2. 2. 2. 7.  38.^!  kHz  delta  to  pcm  (figure  2,17) 

The  block  diagram  is  the  same  as  the  one  shown  for  the 
19.2kHz  Delta  to  PCM  DDMC  (Section  2, 2, 2, 5).  Only  the  filter 
coefficients  are  different  because  the  sampling  frequency  is 
different. 

2.2. 2. 8.  PCM  TO  38.^kHz  delta  (figure  2.18) 

Again  the  principle  is  the  same  at  38.4kHz  as  at  19.2kHz 
and  the  explanations  given  in  section  2. 2. 2.6  are  still  valid. 

Only  the  coefficient  values  and  the  sampling  frequency  are  dif- 
ferent. 

2. 2. 2. 9 PERFORMANCES 

Figures  2.19,  2.20,  2.21  and  2.22  show  the  signal-to-noi- 
se  ratios  computed  by  simulating  codecs  and  DDMC's  at  the  four 
sampling  frequencies.  At  some  signal  levels,  DDMC's  perform 
slightly  better  than  the  reference  and  at  some  others  slightly 
worse.  This  is  because  the  analog  filters  of  the  reference  and  the 
digital  filters  of  the  converters  do  not  have  exactly  the  same 
cut-off  frequencies.  As  we  used  a single  input  frequency  in  the 
simulation,  the  quantizing  noise  spectrum  was  peaky  and  the 


S/N  was  therefore  quite  sensitive  to  cut-off  frequency.  Results  are 
judged  good  since  average  S/N  ratios  are  similar  over  the  comple- 
te dynamic  range . 
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FIGURE  2./7.-  38.4kHz  CVSV  to  PCM  VVMC 


6Zmulated  CVSV  to  PCM  conue^te^ 


Imalatzd  PCM  to  CVSV  convaxte.^ 


FIGURE  2.21.-  S/N  ilmulatzd  CVSV  to  PCM  convtfit^fL. 


FIGURE  2.22,-  S/N  oX  6lmulatzd  PCM  to  CVSV  conve.Ate.fi 


5.  IMPLEMENTATION 


3-1.  DELTA  CODEC 

5.1.1.  CIRCUITRY  DESIGN 

3. 1.1.1.  MODULATOR 

The  CVSD  encoder-decoder  drawing  is  shown  in  diagram  B2 
of  Appendix  B. 

Comparator  2 is  an  open  loop  operational  amplifier, 
without  frequency  compensation.  Its  output  is  clipped  by  R18,  R19 
CR2  to  drive  shift  register  4 (0-5V) . The  output  of  the  register 
gives  bits  at  sampling  times  NT,  (N-i)  T,  (N-2)T. 

Similarity  bit  detector  gates  5,6  give  a logic  1 at  the 
collector  of  Q3  when  the  outputs  of  the  three  shift  registers  are 
equal. This  logic  1 is  then  integrated  with  a 4.4ms  fine  time  cons- 
tant. ^Vhen  Q3  is  off,  CRl  is  on,  and  the  time  constant  is  then 
given  by  R4+R7  and  Cl,  When  Q3  is  saturated,  CRl  is  off  and  the 
time  constant  is  given  by  R5+R7  and  Cl.  Potentiometer  R60  gives 
a control  voltage  (V  ) which  is  slightly  positive  when  there  is  no 
audio  input. 

Transistors  Q1  and  Q2  operate  as  gates  and  let  pass  the 
control  signal  (V  ) either  by  the  input  + or  by  the  input  of  mul- 
tiplier 11.  The  multiplier  output  gives  a balanced,  square  signal 
of  amplitude  2V  x multiplier  gain.  Its  symmetry  around  zero  is 
adjusted  by  rotSntiomer  R130  (drift  adjustement) . The  output  is 
integrated  by  R15  and  C2. 

3.1. 1.2.  DEMODULATOR 

The  decoder  is  similar  to  the  encoder,  but  there  is  no 
conparator.  In  addition,  there  is  a smothing  filter  at  the  output. 
It  is  a low-pass  filter  with  a 4kHz  cut-off  frequency  and  a 
minimum  rolloff  of  130dB/Oct.  The  pass  band  has  a 3dB  ripple  or 
less  and  the  stopband  rejection  is  at  45dB  or  greater.  The  D.C. 
gain  is  } . 

delta  codec  characteristics 
L.1. 1.3.1.  Power  supply 

For  one  modulator-demodulator  (codec) 
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Voltage 

Current 

Power 

+ 15V 

25mA 

0.375mW 

-15V 

8mA 

0.120mW 

♦ 5V 

110mA 

0.550mW 

Total  power:  IW 

Power  Supplies:  Harrison  5201B-Hewlett-Padcard 


^.L.lJ.2i  Clocking  rate 

The  codec  is  optimized  to  operate  from  16kbits/s  to 
38.4kbits/s.  The  clock  controls  a TTL  circuit  (levels  0,5V). 

3.1. 1.3. 3 Impedance  of  codec 

Input  Impedance:  2.2kQ 

Output  Impendence:  68S^  (R23  is  a loading  resistor)  . It  is 
not  used  if  the  output  is  connected  to  an  adapted  line  (680fi)  , 

3.1.1.^  AH9NMENT 

MQDULAIflR 

The  input  being  grounded,  modulator  R60  is  adjusted  for 
triangles  of  40mV  p-p  at  19.2kbits/s  and  20mV  p-p  at  38,4  kbits/s. 

The  input  being  a 800Hz  test  tone,  the  symmetry  of  the 
multiplier  output  is  adjusted  by  potentiometer  R130.  The  multiplier 
not  being  linear  over  the  total  dyneimic  range,  the  800Hz  test 
tone  amplitude  must  be  chosen  at  middle  range  (from  low  levels  to 
saturation  ^^-15db) . 

3. 1.1. <1.2  DEMODULATOR 

The  modulator  input  being  grounded,  demodulator  R60  is 
adjusted  for  triangles  of  20mV  p-p  at  19.2  and  38.4  kbits/s. 

Demodulator  R-130must  be  adjusted  exactly  as  modulator 
R-130 (see  3. 1.1. 4.1) . 

LIiii.5  COnP.ONENT? 

The  components  required  are  described  in  detail  in  Appen- 
dix C. 
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COMVERT£RS. 


L2x 

3.2.1.  STRUCTURE  OF  THE Jm.MC 

The  aim  of  the  present  work  is  to  prove  the  feasibili- 
ty of  direct  diqital  conversion  between  delta  and  PCM  and  it  is 
only  required  to  build  a single  channel  system. 

For  a single  channel  converter,  serial  operations  re- 
quire less  hardware  than  parallel  ones.  Therefore,  the  DDMC  pro- 
totype will  be  implemented  with  a serial  structure. 


3.2.2.  nF.$IGJ^ 

3. 2. 2.1.  DIGITAL  FILTERS 

Digital  filtering  is  the  process  of  spectrum  shaping 
using  digital  hardware.  The  aims  of  digital  filtering  are  the 
same  as  those  of  continuous  filtering  but  the  processed  signals 
are  discrete  instead  of  being  continuous. 

In  a digital  filter,  the  input  and  output  signals  are 
not  represented  by  a continuous  waveform  but  by  samples.  Usually 
the  sample  values  are  given  by  binary  numbers.  Once  per  sampling 
period,  the  filter  receives  a signal  sample  and  produces  by  means 
of  diqital  logic  operations  an  output  sample. 

The  output  sample  y(nT)  of  a diqital  filter  at  time 
nT  (sampling  period  T seconds)  is  computed  from  the  input  sample 
(x(nT))  and  a linear  combination  of  past  inputs  and  outputs 


N M 

y(nT)  = l a.x((n-i)T)  - l b.y((n-i)T)  (3.1) 

i=n  ^ i=l  ^ 

where  the  a!s  and  b!s  are  constant  coefficients.  Equation  3.1  is 
called  a finite  difference  equation. 

The  logic  circuit  which  implements  the  operations  of 
Equation  3.1  is  schematically  represented  in  Figure  3.3. 

The  input  sample  x(nT)  is  fed  into  a one  period  delay 
block.  x((n-l)T)  is  available  at  the  output  of  this  block.  There 
are  N such  delay  blocks  connected  in  tandem  which  provide  the 
values  of  x((n-l)T),  x ( (n-2) T) , . . . , x((n-N)T).  Each  of  these 
x((n-i)T)  , i=0  to  N , is  multiplied  by  its  weighting  factor  a^^. 
Similarly,  M delay  blocks  provide  the  values  of  y((n-i)T) , 
i=l  to  M,  which  are  multiplied  by  the  coefficients  b..  An  adder 
gives  the  output  value  y(nT)  by  computing  the  sum  or  all  these 
terms. 
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cient C. 


FIGURE  3.3.-  VlQltal  flUtfi 


y((n-l)T) 

JJ 

y((n-2)T) 


Y(  (n-M)T) 


In  the  following,  the  filters  that  are  used  in  the  DDMC 
are  described.  For  each  filter,  the  z-trpsfer  function,  the 
finite  difference  equation  and  a block  diagram  representation  are 
given.  The  finite  difference  equation  is  a particular  case  of  the 
general  equation  3.1  and  the  block  diagram  is  a , 

of  Figure  3.3  in  which  all  the  paths  where  the  coefficients  equal 

zero  have  been  removed. 

FI r s t -o r der  low-pass  filter 


z-transfer  function; 


1+Kj^Z 


(3.2) 


Where  is  a constant  coefficient  similar  to  the  a[s  and  b!^s. 
Finite  difference  equation; 


y(n)  = x(n)  - y(n-l) 
Block  diagram  representation: 

FIGURE  3.4.-  VigltaJt 

flttz.fi 


(3.3) 


Second-order  low-pass  filter 

z-transfer  function: 

U(/)  = J j 

1 + Kj^z  +K2Z 

v^ere  and  K2  cire  constant  coefficients. 

Finite  difference  equatim: 

y(n)  = x(n)  -K^  y(n-l)  -K2  y(n-2) 

Block  diagram  representation: 


(3.4) 


(3.5) 


FIGURE  3.5.-  2nd-of(.deA  cUgiJtaZ  ^iZtzA. 

Second-order  filter  with  prediction 
z-transfer  function; 

1 + K z"^ 

H(z)  = ^ Y <3.6) 

(1  + K2  z -^)  (1  + K3  z n 

v4iere  and  K2  and  are  constant  coefficients. 

Finite  difference  equation; 


y(n)  = x(n)  + K.x(n-l)  - (K-  + Kjy(n-l)-K,K,y  (n-2) 


(3.7) 


Bloc  diagram  representation: 


FIGURE  3.6.-  I-zeAo,  2 -pole,  digital  iittoJi 

lyp-pole  & Two-zero  filter 

z-tr2uisfer  functicxi; 


H(z)  = 


1 + z"^  + K2  z"^ 

1 + Kj  z‘^  + z"^ 


where  ^4  ^ constant  coefficients. 

Finite  difference  equation: 

z(n)  =x(n)  +K^x(n-1)  + KjXdi-a)  - K3y(n-1)  - 


Block  diagram  representation: 


FIGURE  3.7.-  2-po£e,2-zeAo  digital.  iUtzA. 


3.?. 2. 2.  Filter  coefficient  rounding. 


Onco  the  theoretical  values  of  the  coefficients  have  been 
computed,  they  have  to  be  rounded  off  in  order  to  make  the  prac- 
tical implementation  as  simple  as  possible. 

To  minimize  the  hardware  complexity  and/or  the  operating 
times  in  the  converter,  we  changed  the  theoretical  values  of  the 
filter  coefficients  for  approximate  values  requiring  as  few  addi- 
tions and  subtractions  as  possible.  Of  course  this  coefficient 
rounding  modifies  the  filter  frequency  response  and  the  amount  of 
simplification  was  limited  by  the  desired  filter  performance.  It 
must  be  noted  that  the  filter  characteristic  is  more  sensitive 
to  coefficient  rounding  when  the  sampling  frequency  is  high.  For 
this  reason,  coefficients  are  generally  simpler  at  19.2kHz  than 
at  32  or  38.4kHz. 

3. 2. 2. 3.  Selection  of  suitable  word  length 

The  system  was,  as  described  in  Section  2.2,  si- 
mulated on  a general  purpose  computer.  Samples  were  represented 
by  floating-point  binary  words  v;ith  all  the  precision  of  the 
computer. 

Floating-point  arithmetic  is  difficult  to  implement  with 
serial  circuits  and  thus , fixed-point  operations  are  made  in 
the  DDMC.  The  word  length  must  be  ae  short  as  possible  to  keep 
the  amount  of  hardware  minimal.  Limiting  the  number  of  bits  per 
word  introduces  noise  in  the  filters  and  we  must  determine  the 
smallest  word  length  which  does  not  noticeably  degrade  the  system 
performances. 


In  aeneral,  the  results  of  the  multiplication  of  a sample 
by  a filter  coefficient  needs  an  infinite  number  of  bits  to  be 
exactly  represented.  Of  course,  the  result  must  be  truncated  and 
thus  noise  is  introduced  at  each  multiplication.  As  truncation 
limits  the  number  of  levels  available  to  code  the  result,  it  is 
really  quantizing  noise  which  is  added  to  the  signal. 


For  example,  if  the  result  of  the  multiplication  is  re-  j 
presented  by  a word  which  has  only  two  bits  after  the  binary  I ^ 
point,  the  difference  between  two  consecutive  levels  is  J = 0.25  i 
This  means  that  only  values  such  as  0.25,  0.5,  0.75  are  | j 
available.  If  the  multiplication  result  is  0.62,  it  is  truncated  ; | 
down  to  0.50  (quantizing  error  = 0.62  - 0.50  = 0.12).  The  diffe-  « 
rence  between  two  consecutive  levels  is  the  quantization  step.  • 


Let  us  assume  that  there  are  M filters  in  tandem  in  the 
DDMC.  Each  filter  requires  one  or  more  multiplications.  In  a 
given  filter  (filter  number  i;  i=l,..M)  the  multiplication  results 
are  truncated  with  a quantizing  step  S^. 
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It  is  possible  to  Evaluate  approximately  the  noise  con- 
tribution of  the  truncations  if  we  assume  that  the  quantizing 
Qj-j-Qj-  j_s  uniformly  distributed  and  that  noise  samples  are  uncor— 
related.  The  total  truncation  noise  power  (P_)  of  a converter  as 
a function  of  the  quantization  steps  is  found  to  be: 


T 


- + r.^S2  + .*• 


(4.1) 


where  C, , C,,...  C„  are  numerical  coefficients,  and  S^,  S2,... 

5..  are  ^the'^  quantization  steps  of  the  M filters. 

M 

To  be  practically  unnoticeable , it  is  assumed  that  the 
truncating  noise  (P-,)  must  be  6db  below  the  system  noise  as 
computed  without  truncation  in  Section  2.2.  It  was  also  decided 
that  the  contribution  of  all  filter  noises  should  be  equal 

i.e.  = C2S2  = 

Thus,  we  were  able  to  compute  approximate  values  for 

5. , S-,...S„  and  to  determine  how  many  bits  were  necessary  after 
the  binary”  point.  For  instance,  if  we  compute: 


0.34,  we  need  two  bits  after  the  binary 

point  to  represent  results  of  multiplications  in  the  ith  filter. 
This  gives: 

= 2"^  = 0.25  < 0.34 

As  several  assumptions  had  been  made  to  obtain  these 
values,  simulations,  where  all  the  truncations  were  made , were 
run  to  check  the  results.  In  some  cases,  the  number  of  bits  had 
to  be  modified  but  theoretical  and  simulated  values  were  very 
close . 


The  maximum  values  of  the  samples  were  also  computed  to 
determine  the  number  of  bits  on  the  left  of  the  binary  point.  This 
was  straightforward  as  the  gains  and  the  input  signals  of  the 
filters  were  known. 

Figures  3.8  to  3.17  give  the  complete  schematics  of  the 
CVSD  DDMC's  (explained  in  Sections  2.2.2)  at  16,  19.2  32  and 
38.4kHz  Scunpling  rates.  Word  lengths  are  indicated  for  each  filter 
by  nvimbers  in  brackets.  The  following  conventions  are  used: 

(a,b.c) 
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■ ^ if  a sign  bit  is  needed  (it  is  not  needed  for  the 

ivliabic  filter  which  is  always  positive) . 

r:  J Srs^tSa?  Ii?gn^bit  is  not  necessary. 

indicates  the  nutiier  of  bits  on  the  left  side  of  the  binary 
point. 

indicates  the  nusiier  of  bits  on  the  right  side  of  the  binary 

vH  fidflf t^l'blnaryTint'and  tHirthl  ?^«t°iSn‘"i's  .a- 

5e"on  tif  left  side  up  "to  the  bit  of  weight  ^-Icl  • 


K. Af vnr  ui  . 

(1,4.2)  indicates  a word  which  is  either  positive  or  neg 
whose  maximum  value  is; 

2^  . 2^  t 2^  t 2°  + 2-^  t 2-2  = 15.75 

and  whose  smallest  non-zero  value  is: 

2’2  = 0.25. 

Total  number  of  bits;  1+4+2  7 

(0,5.3);  always  positive;  maximum  value; 

2->  1 2^  t 2^  1 t 2“  t 2-1  t 2-2  t 2-  = 31.875 

minimum  value; 

2"^  = 0.125 

Total  number  of  bits;  0+5+3  8 

(1,7-3):  positive  or  negative;  maximum  value; 

2^  + 2^  + 2^^  = 102 

minimum  value; 

2^  = 16 

Total  nximber  of  bits;  1 + 7-3  5 

S/N  ratios  obtained  with  truncation  parameters  were 
given  in  Section  2.2.2. 
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FIGURE  5.11.-  19.2kHz  a-^PCM 


3. 2. 2. 4.  BASIC  PRINCIPLES  OF  THE  SERIAL  REALIZATION  OF 
THE  DDMC  ^ 

This  section  dears  with  the  basic  principles  of  the  reali- 
sation of  the  DDMC.  The  detailed  descriptions  are  given  in  Appen- 
dix A and  B.  Sosie  specific  integrated  circuits  (IC)  are  given 
as  examples;  other  IC's  might  be  used. 

Serial  operations  are  made  synchronously  starting  from  a ! 

fast  clock  (CF)  within  the  DI»1C.  The  clock  frequency  must  be  at 
least  .064x19  = 1.216MHz  (.064MHz  being  the  sampling  frequency  of 
the  interpolator  section,  operating  with  19  bit  words) . CF  is  ge-  ; 

nerated  from  the  8kHz  clock  of  each  PCM  system  and  multiplied  by 
192  to  give  a 1.536MHz  fast  clock. 

CF  acts  upon  shift  registers  (SR)  or  D flip  flops,  on  | 

the  negative  transition.  But  a specific  SR  or  D flip  flop  is 
clocked  only  during  determined  intervals , within  the  period  T 
(because  of  various  sequences  of  operations,  different  binary 
word  lengths..).  So  an  information  on  chronology  during  T is 
needed.  This  will  be  performed  by  counting  the  transitions  by  means 
of  a binary  counter. 

The  binary  counters  used  in  the  DDMC  are  made  of  shift 
registers;  each  transition  of  the  shift  register  clock  (CC)  shifts 
a logical  one  through  the  register,  j 

"0"  I 

II  on  monostable  M i 


So,  S is  equal  to  zero  from  the  reset  of  the  counter  (parallel 
transfer  of  zero)  to  the  x shift  of  the  clock  CC.  S^  is  then 
equal  to  one  up  to  the  counter  reset. 

During  each  sampling  period,  the  serial  computations  are  over 
when  S reaches  a value  S this  value  being  dependent  upon  the  or- 
der of  the  most  significant  bit,  within  the  DDMC.  It  is  of  no  use 
to  count  beyond  S^^.  Then,  the  counter  clock  CC  will  be: 

CC  = CF  . 

n 

As  desired,  this  stops  the  counting.  At  the  beginning  of  the 
next  sampling  period,  forcing  each  S to  0 will  make  the  counter 
run  again.  Such  a reset  of  the  counter  is  performed  by  a monosta- 
ble M,  triggered  at  the  beginning  of  each  sampling  period. 
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A phase  diagram  of  the  events  between  Z sampling  times 
(given  by  the  negative  transition  of  monstable  M)  is  shown  in 
Figure  3.18. 

M and  CF  are  independent  signals.  Successive  values  of 
S determine  whether  or  not  CF  must  be  sent  on  a specific  SR  or 
flip  flop.  In  order  to  prevent  critical  races,  the  clock  input 
on  SR  and  D flip  flop  is  always  inhibited  by  S^^.  Thus  a transition 
on  CF  cannot  shift  any  register  without  being  counted  (Sj^  is  tne 
result  of  the  first  transition  of  CF  on  the  coxinter)  . 


Jim. 


._n: „juuinji=^ 


_jirm_ JUT — n_- 

FIGURE  3. 18.-  Timing  conditions 

These  are  the  timing  conditions  during  the  basic  opera- 
tions which  are: 

-right  shift  of  parallel  storage  in  a shift 
register. 

-parallel  or  serial,  addition  or  subtraction. 

-multiplication  of  a binary  word  by  a 
constant. 

-conversion  from  A to  PCM  sampling 
frequencies  (or  vice  versa) . 


They  are  of  the  MC  7495  type.  They  come  in  four  position 
chips,  and  several  of  them  are  connected  in  series, so  as  to  get  the 
desired  number  of  positions.  When  the  number  of  positions  is  one 
more  than  a multiple  of  4,  a clocked  J-K  flip-flop  can  be  used 
for  the  additional  positions. 


Piuu...  I I 


MC  7495  performs  parallel  in  / parallel  out,  right  and 
left  shift  depending  upon  the  logic  level  present  at  the  mode 
control  input  MC.  In  fact  only  right  shifts  and  parallel  in  will 
be  performed. 

Serial  transfer  (shift)  is  made  on  the  negative  transi- 
tion of  a clock  CS  while  MC=0}  parallel  in  is  related  to  a clock 
CP  and  MC^l. 

3.2.2. 4.2.  ADDITION  AND  SUBTRACTlgJi 

Only  full  adders  are  used.  Subtraction  is  made  by  adding 
the  2's  complement -vQf  the  subtrahend.  A I's  complement  of  the 
subtrahend  is  first  obtained  by  complementing  each  bit,  then  a 2's 
complement  by  adding  1 in  the  least  significant  position:  the  ini- 
tial carry  is  set  to  one. 

Serial  addition  or  subtraction 

A serial  adder  is  shown  in  Figure  3.19.  A one  bit  full 
adder  MC  7480  is  used.  The  carry  from  the  addition  of  2 bits  is 
stored  in  a D flip-flop  MC  7479,  for  its  use  during  the  addition 
of  the  next  higher  order  bits. 


FIGURE  3.19.-  ScA^  oddeA  (A+B) 


The  initial  value  of  the  carry  is  set  to  0,  by  the  same 
monostable  M that  resets  the  binary  counter.  Thus,  the 
carry  is  set  prior  to  the  shift  of  bits.  A serial  subtractor 
is  shown  in  Figure  3.20. 

Complementation  of  the  bits  of  the  subtrahend  is  done 
by  using  the  inverting  input  of  the  full  adder.  Monostable  M sets 
the  initial  carry  at  one. 


As  a conclusion,  serial  adders  or  subtractors  are  compo- 
sed of  one  full  adder  MC  7480,  one  D flip-flop  and  2 inverters 
(thatj:^  be  shared  with  other  adders  or  subtractors) . In  the 
following  1iiey  will  be  called  Full  Adder  (FA) , and  symbolized  as  in  Figure 
3.21. 
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FIGURE  3.20.-  SeJUal  Aubt/iacto^  |B-A) 


A A 


(A»B)  (B-A) 

Serial  adder  Serial  subtracter 

FIGURE  3.21.-  Symboli 


Carry  must  be  stored  whenever  at  least  one  bit  changes  at 
the  input  of  the  FA.  So  the  clock  on  the  D flip-flop  must  be  the 
union  of  both  serial  clocks  of  the  2 SR  containing  the  terms  of 
the  addition. 

3. 2. 2. 4. 3.  MULTIPLICATION  OF  A BINARY  WORD  X BY  A 
CONSTANT. 

This  operation  is  found  in  all  digital  filters.  The  problem 
of  multiplication  by  a constant  is  a problem  of  multiplication 
by  powers  of  2 (shifts)  and  additions. 

If  so,  only  right  shifts  are  performed,  since  all  coeffi- 
cients are  of  the  form  2~^,  with  n^^O.  For  a right  shift,  the 
least  significant  bits  are  ignored,  whereas  the  sign  bit  is 
entered  at  the  left  of  the  binary  word. 

The  multiplication  by  2"*^  can  be  performed  while  shifting 
the  binary  word  through  its  SR.  The  output  of  the  n^*^  position 
of  the  SR  is  used  (least  significant  bit  position  being  numbered 
Qth) . If  p is  the  length  of  the  binary  word,  the  sign  bit  must 
be  sent  after  the  (p-n)^^  shift. 
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The  three  NAND  gates  in  Figure  3.22  perform  the  previous 
operations  and  deliver,  in  series,  an  output  y=x/8. 

The  sign  of  the  binary  word  x is  kept  in  memory  during 
the  shifts  (sign  memory  SM)  in  a D flip-flop  clocked  prior  to 
the  beginning  of  the  shifts  (monostable  M) . 


The  value  of  y is  then  added  algebraically  to  other  ■ 

values  of(x)(2"”)in  order  to  perform  the  multiplication  by  a 

constant.  This  is  done  with  2-input  serial  adders  or  subtree-  1 

tors  (FA) , connected  in  such  a way  as  to  minimize  the  delay  of 
propagation  of  partial  results,  and  to  avoid  overflow  on  partial 
results. 


3. 2. 2. 4.^.  CONVERSION  FROM  A TO  PCfl  SAMPLING  FREQUEN- 
CIES (.OR  VICE  VERSA) 

The  A and  PCM  clocks  not  being  synchronous,  a buffer 
register  (B)  is  to  be  introduced  between  the  A and  the  PCM  shift 
register  (Figure  3.23).  The  A sample  is  found  in  the  SRI  regis- 
ter, after  computation  during  a time  smaller  than  the  sampling 
period.  The  A sample  is  entered  in  parallel  in  the  buffer  B 
(write  order  with  clock  CW) . The  output  of  this  buffer  is  sent, 
also  in  parallel,  in  the  input  register  SRO  of  the  PCM  section 
(Read  order  with  clock  CR) . The  write  and  read  orders  are  found 
during  conversion  from  PCM  to  A. 


46 


SSami 


FIGURE  3.23.-  IntAoduction  the.  bu^^eA  B t^hen  il/Uiting 
(J/iom  one  tempting  ^Aequency  to  another. 


The  READ  order  must  not  follow  the  WRITE 
than  T +T  where  T is  the  maximum  propagation  delay  time  ^he 
S??arPln!  ? tL  8et-up  time  in  SRO  (the  hold  time  is  zero  in 
the  worst  caie) . If  this  condition  is  not  respected,  the  binary 
io?d  might  be  altered  during  the  frequency  conversion. 

A solution  to  this  problem  is  to 
by  maintaining  CR  high  if  it  was  so  on  the  negative  transition 

of  CW. 

The  circuit  in  Figure  3.24  generates  the  clocks  CW 
and  CR  departing  from  CRA  and  CWA,  which  will  be  the  sampling 
riocks* (either  FA  or  CPCM) . The  two  delay  blocks  are  needed  to 

daily  propkqation  times  in  the  shift  registers  and 

D flip-flop,  and  critical  races. 


CRA 

CWA 


-I  DELAY  j- 


CR' 


MC  7479 


SLR. 


■t> t-B. 


lOOns 


r 

T 


• 60ns 


FIGURE  3.24.-  GeneAotoA  o^  CR  and  CW  ^oA  a f^Azqaency 
conveAAton 


i 
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A D flip  flop  MC  7479  makes  the  decision  whether  to 
delay  or  not,  by  generating  a pulse  T at  the  Q output  if  C^=l 
on  the  negative  transition  of  CWA.  This  pulse  is  added  to  CR  with 
an  OR  gate;  so  the  negative  transition  of  CR  is  delayed  with  res- 
pect to  CR' , when  it  is  needed. 


If  the  D input  of  the  flip  flop  changes  during  the  set- 
up  or  holding  time,  the  Q output  cannot  be  predicted  after 
clocking.  But  its  value,  either  1 or  0,  will  make  the  decision 
whether  to  delay  or  not. 


^ 9.9.R.  nVFRAI  l.  PICTURE 

The  DDMC  converts  CVSD  delta  signals  at  16,  19.2,  32 
and  38.4kbps  into  one  channel  of  the  D.l,  TD968,  TD660  and  A 
law  PCM  channel  bank  multiplexers  and  vice  versa. 

A^pcM  DPnC 

The  delta  to  PCM  part  of  the  DDMC  prototype  is  built 
with  21  boards  as  represented  in  Figure  3.25. 

-Board  B-22  is  the  CVSD  coder-decoder. 

-Boards  B-lO  to  B-12  contain  the  logic  gain  control 
circuit,  the  digital  integrator,  the  digital  syllabic 
filter  and  the  output  filter  of  the  16kHz  digital 
demodulator  shown  in  Figure  3.10. 

-Boards  B-13  to  15  contain  the  logic  gain  control 
circuit,  the  digital  integrator,  the  digital  syllabic 
filter  and  the  output  filter  of  the  19.2kHz  CVSD  digi- 
tal demodulator  shown  in  Figure  3.11. 

-Boards  B-16  to  B-18  contain  the  logic  gain  control 
circuit,  the  digital  integrator,  the  digital  syllabic 
filter  and  the  output  filter  of  the  32kHz  CVSD  digi- 
tal demodulator  shown  in  Figure  3.12. 

-Boards  B-19  to  B-21  contain  the  logic  gain  control 
circuit,  the  digital  integrator,  the  digital  syllabic 
filter  and  the  output  filter  of  the  38.4kHz  CVSD 
digital  demodulator  shown  in  Figure  3.13. 

-Boards  B-7,  B-8  and  B-9  work  with  the  four 
delta  frequencies  and  contain  the  holder  from  A to 
64  kHz  sampling  rate, the  filter  at  64kHz  and  the 
delta  timing  circuit  shown  in  Figure  3.8. 

-Board  B-5  contains  the  digital  PCM  compressor  for 
the  four  PCM  systems. 


the  interface  boards. 


-Boards  B-1,  B-3  and  B-4  are 

DDMC 

The  PCM  to  delta  part  of  the  DDMC  prototype  is  composed 
14  boards  as  represented  in  Figure  3.26. 

o t 1 T-1  and  T4  are  the  interface  boards.  The 

on;  iontLnf  the  Lalo,  circuit  , the  = , 

the  pulse  shaping  and  the  phase-lock  loop.  The 

has  thrchanMl  words  and  counters  to  extract  the 
Jnfo;l;!;??on  to  be  converted.  The  last  one  con- 

tains  the  framing  detector. 

-Board  T-5  (non  existant)  would  have  “"gained  the  inter- 
face between  the  A-law  multiplexer  and  the  DDMC. 

-Board  T-6  contains  the  four  expanding  laws. 

-Boards  T-7,  T-8  and  T-9  work  with  the  four  different 
delta  frequencies  and  contain: 

lireriSfat^rfUm  8 to  65kHz  (T-8) 

fo^pa^siritlr^rrSm  64kHz  to  the  delta  sam- 
pling  rate  (Figure  3.9). 

-Board  T-10  contains  the  16kHz  digital  modulator  CVSD 
circuit  shown  in  Figure  3.14. 

-Boards  T-11  and  T-12  contain  toe  19.2kHz  digital  modula- 
tor  CVSD  circuit  as  shown  in  Figure  -.lb. 

-Boards  T-13  and  T-14  contain  the  32kHz  digital  modulator 
CVSD  circuit  as  shown  in  Figure  3.16. 

-Boards  T-15  and  T-16  contain  the  38.4kHz  digital  modula- 
tor  CVSD  circuit  as  shown  in  Figure  3.1/. 

•pvio  f^f»tailed  circuit  descriptions  and  drawings  of  each 
,f  the  previously  mentioned  boards  are  presented  in  Appendices  A 

ind  B. 


FIGURE  3.25.-  PCM  VVMC . 


TESTS 


In  the  following  section  the  objective  and  subjective 
test  results  obtained  with  the  DDMC  prototype  are  presented. 

4.1.  OBJECTIVE 

The  following  procedure  is  followed  simultaneously  for 
the  four  delta  sampling  frequencies,  so  that  the  dynamic  range 
of  the  PCM  and  the  delta  modulation  systems  are  coincident  for 
any  delta  sampling  rate. 

4.1  .1.  TFST  PROCEDURES 

The  set-ups  used  to  measure  the  signal-to-noise  ratio 
and  linearity  of  the  DDMC  converter  are  illustrated  in  Figures 
4.1  to  4.4. 

The  following  equipment  is  required: 

- A precise  wave  generator:  hp  200CD. 

- A distortion  analyser:  hp332  A 

- Two  RMS  voltmeters:  hp  model  403B 

- Two  oscilloscopes:  Tektronix  54 3B 

The  test  sequence  is  as  follows: 

-1  PCM  A DDMC 

-2  Delta  back  to  back 

-3  PCM  ->•  A analog  conversion 

-4  PCM  back  to  back 

-5  A -*■  PCM  DDMC 

-6  A -»■  PCM  analog  conversion. 

U.1.1.1.  PCM  ^ t nnMC  SET-UP 

Figure  4.1  illustrates  the  PCM  -*■  A DDMC  measurement  set- 
up. 
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FIGURE  4.1.-  CVSV  - VEMOV  conveA6i.on  m&a6u^e.me.nt  6e.t-up 


Adjust  the  wave  generator  output  power  (Pin)  to  -5dhm  with  a 
800Hz  test  tone  and  measure 

With  the  PCM  input  power  (Pin)  at  -35dbm,  adjust  the  demodu- 
lator syllabic  filter  potentiometer  so  that  the  output  is  at 
-30dbm. 

4. 1.1. 2.  nPi TA  CODEC  MEASUREMENT  SET"U£ 


Wave 

generator 


Voltmeter 


Vol tmeter 


FIGURE  4.2.-  A codec  adjustment  set-up 


A.  Adjust  the  wave  generator  output  (Figure  4.2  ) so  as  to  obtain 
the  same  value  of  as  in  Section  4. 1.1.1. 

B.  Put  the  generator  output  power  at  P^  -30dbm  and  adjust  the 
gain  of  the  delta  modulator  so  as  to  obtain  P.  ~ 3()dbm  at  the 
delta  demodulator  output  (The  delta  demodulator  adjustment  ma- 
de in  Section  4.1.1.1.B  should  not  be  changed). 
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FIGURE  4.3.-  Analog  PCM  to  A ccnveA.6ton  i^t-up. 


Channel  1 transmits  the  PCM  digital  information*  this 
information  is  received  on  channel  5 for  digital  to  analog  con 
version. 

A.  Adjust  the  wave  generator  output  power  to  -5dbm. 

B.  Adjust  the  amplifier  gain  so  that  the  output  reconstituted 
waveform  is  at  P^^ 

C.  Measure  the  powers  P,  and  P^ 
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TABLE  4.1.~  PCM  -v  A convzMlon  [VI]. 
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TABLE  4.2.-  A PCM  convzAiion  (PI). 
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FIGURE  4,7A.-  A-^-PCM  analog  conveA6lon  IPI) 


FIGURE  4. 78.-  A-»-PCM  digital  convMllon  (PI) 
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TABLE  4.5.-  PCM  A convzfi6ion  (TD968) 
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TABLE  4.6.-  A ^ PCM  cowveA.Ax.on 
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FIGURE  4.9.-  PCM  back-to-back 


FIGURE  4.10A.-  PCM^A  dig^UaZ  conveA^ion 


FIGURE  4.1  OB.-  PCM-»-A  ancUog  conve/uion 
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FIGURE  4. 11  A.-  A->-PCM  analog  conveA^^Lon 


A.  Adjust  the  wave  generator  output  to  P.  and  adjust  the  ampli- 
fier gain  so  as  to  have  at  the  output. 

4.2  RESULTS 

The  S/N  ratios  were  taken  with  the  D-1  PCM  multiplexer 
and  the  TD968.  The  DDMC  prototype  working  in  connection  with 
the  D-1  system  was  tested  in  the  University  de  Sherbrooke 
laboratories.  The  DDMC  working  with  the  TD968  was  tested  at 
RADC  laboratories. 

4.2.1.  ddmc-dI  results 

Table  4.1  shows  the  S/N  and  linearity  results  for  PCM  to 
delta  analog  and  digital  conversion  (DDMC)  at  four  different  del- 
ta sampling  frequencies.  Figure  4.6  resumes  Table  4.1. 

Table  4.2  is  similar  to  Table  4.1  but  for  delta  to  PCM 
conversion.  Figure  4.7  resumes  Table  4.2. 

Table  4.3  gives  the  CVSD  back-to-back  S/N  ratios  and 
linearity.  Figure  4.8  resumes  Table  4.3. 

t 

Table  4.4  gives  the  Dl  back-to-back  S/N  ratios  and  linea- 
rity. Figure  4.9  resumes  Table  4.4. 

4a2.2.  DDMC-TD968  RESULTS 

Table  4.5  and  Figure  4.10  show  the  S/N  ratio  figures  and 
linearity  of  the  PCM  to  delta  analog  and  digital  conversion  at 
16.  19.2.  32  and  38.4kHz  delta  rates. 

Table  4.^  and  Figure  4.11  are  similar  to  Table  4.5  and 
Figure  4.10  but  for  delta  to  PCM  conversion. 

CVSD  back-to-back;  Table  4.3,  Figure  4.8. 

Table  4.7  and  Figure  4*9  show  the  S/N  ratio  of  the 
TD968  back-to-back. 

4.3.  SUBJECTIVE  TESTS 

The  most  used  criterion  to  assess  the  quality  of  voice 
communication  svstems  is  the  value  of  the  S/N  ratio  with  test 
tones.  Nevertheless.  the  characteristics  of 

sine  waves  and  speech  signals  are  different  and  one  can  wonder 
if  it  is  fair  to  compare,  on  that  basis,  analog  and  digital 
systems  since  they  present  various  types  of  noises,  each  affec- 
ting the  signal  differently.  We  believe  that  subjective  tests 
appear  to  be  more  suitable  especially  for  evaluating  digital 
equipment . 


Among  the  main  concepts-intelligibility , preference,  ar- 
ticulation index-used  to  subjectively  rank-order  communication 
systems,  we  have  chosen  intelligibility. 

g.3.1.  intelligibility  test 

The  most  discriminative  intelligibility  tests  have  mono- 
syllabic words  or  nonsense  syllables  as  stimuli.  The  best  known— 
Harvard  P.B.  Word  Test,  Modified  Rhyme  Test,  Consonant  Recogni- 
tion Test-  were  conceived  for  the  English  language.  The  material 
of  our  test  consists  of  660  French  sound  monosyllables  with  or 
without  significance,  divided  into  ten  equally  difficult  lists. 
This  basic  material  is  presented  in  Figure  4.13.  The 

test  is  based  on  the  identification  of  either  the  initial  or 
final  consonant  phoneme.  24  different  test  sheets  similar  to 
the  one  shown  in  Figure  4.14  are  used  for  the  test.  A long 
training  period  for  the  listeners  is  not  needed.  Each  list  is 
read  by  eight  different  speakers,  which  increases  the  sensitivi- 
ty of  the  test.  The  set-up  used  to  run  the  test  experiment  is 
shown  in  Figure  4.12. 


8 SPEAKERS 


FIGURE  4.25.-  Subjective  te^t  iet-up. 
g.5.2.  RESULTS. 

The  reference  is  a direct  voice  recording  and  the  intel- 
ligibility score  of  this  material  is  93%. 

Tables  4.8  and  4.9  show  the  intelligibility  scores  for 
each  system  tested.  The  TD-968  PCM  multiplexer  is  used  for  tes- 
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TABLE  4.*.-  Jntetllglbltlty  6co\e. 
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1 ile 

1 ipe 

1 ime 

jute 

jude 

juche 

juse 

juge 

jule 

jure 

jupe 

jube 

jule 

jure 

jugue 

lane 

laque 

lave 

lace 

lare 

lape 

lade 

lame 

late 

labe 

lave 

labe 

t ' one 

t i fe 

tile 

tisse 

tise 

tiche 

tige 

tire 

tipe 

tine 

tiche 

tisse 

rore 

roc  he 

rosse 

rope 

robe 

rome 

rote 

rone 

rogue 

rogne 

rome 

rope 

c luche 

coule 

coure 

coupe 

coute 

coude 

doune 

couve 

cousse 

couse 

coune 

coule 

brige 

bribe 

brime 

brite 

bride 

brique 

bri  gue 

brive 

brisse 

brise 

bride 

bri gue 

tule 

ture 

tube 

tuse 

tune 

tume 

tuque 

tugue 

tuve 

tude 

tube 

tude 

dame 

date 

dade 

daque 

dague 

dace 

dave 

dage 

dache 

dale 

dace 

dade 

pCque 

pCgne 

p6be 

p6se 

pfiche 

pfige 

pftre 

p6de 

pete 

pene 

pede 

pese 

rafe 

rave 

race 

rare 

rape 

rabe 

rame 

rate 

raque 

rague 

rate 

rame 

touse 

touche 

toupe 

toure 

toube 

toute 

toude 

toufe 

toune 

tougue 

toure 

toufe 

vire 

vide 

vine 

vigne 

vique 

vi  fe 

vice 

vile 

vi  ve 

vime 

vigne 

vi  ve 

lambe 

lante 

lanque 

langue 

lanfe 

lanre 

lanche 

lampe 

lande 

lange 

langue 

lanche 

br6te 

brogue 

brfiche 

brfige 

brCme 

brCle 

brfise 

brebe 

brefe 

breve 

breche 

brefe 

frime 

frique 

frire 

frife 

frile 

frite 

f ri  ve 

frige 

frise 

friche 

f ri  te 

f ri  que 

mugue 

muque 

muge 

mune 

mule 

mugne 

muse 

mude 

mure 

muce 

mugue 

mugne 

conve 

conce 

confe 

conde 

conge 

combe 

compe 

conque 

congue 

conte 

confe 

conce 

rude 

rupe 

rune 

rule 

ruche 

ruse 

rugue 

russe 

rume 

rure 

russe 

rune 

s&che 

sfife 

sfize 

sfique 

sfine 

sfive 

sftme 

s6che 

segne 

sepe 

seque 

sene 

singe 

simbe 

sinde 

sinve 

sinre 

simpe 

sinte 

sinfe 

sinque 

sinse 

simbe 

sinre 

saule 

saune 

saute 

sauge 

sauve 

sause 

sauce 

saume 

saure 

saufe 

sauge 

sauve 

trache 

trape 

traque 

trave 

trace 

trane 

trafe 

trale 

trage 

trame 

trape 

trache 

rSve 

rftce 

r61e 

rfime 

rfife 

rfeche 

rfigne 

rftse 

rene 

reque 

refe 

reie 

douce 

douve 

douche 

doube 

doume 

doure 

doupe 

douze 

doule 

doute 

doume 

doute 

nague 

nase 

nape 

nate 

nave 

nafe 

nane 

nasse 

nabe 

nache 

nase 

nate 

cique 

cise 

cife 

cide 

cipe 

cisse 

die 

eigne 

si  me 

cive 

cive 

cise 

lofe 

loge 

lome 

lone 

loce 

logue 

lobe 

lote 

loche 

loque 

lone 

loge 

rampe 

range 

rangue 

ranfe 

rante 

ranque 

ranre 

ranche 

rambe 

rande 

ranre 

rangue 

wabe 

vane 

vase 

vague 

vage 

vale 

vache 

vaque 

vade 

vare 

vaque 

vage 

crCne 

crfime 

crCgne 

crSche 

crfide 

crfeve 

crCbe 

erftpe 

creie 

crege 

creie 

crepe 

dise 

dire 

dige 

dile 

digue 

dide 

dique 

dibe 

dife 

dipe 

dise 

dibe 

lece 

ieie 

16ve 

Ifime 

l^que 

lege 

lene 

Iftse 

lefe 

iege 

legue 

leque 

FIGURE  4./ 38.-  Second  catzgofiy:  basic  huli  list 
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SYSTEME: 

ien 

Ian e 

da e 

our 

fri e 

na e 

ade 

tu e 

sin 

ieux 

dou 

p6 e 

age 

s§ 

la e 

ac 

ro e 

ci e 

onde 

1 i e 

cou e 

^elle 

lo e 

ju e 

ance 

tra 

con e 

pte 

vi e 

ran e 

euse 

sau e 

ru e 

ore 

r6 

bri e 

are 

ti e 

16 e 

a1 

di e 

br6  e 

ol 

tou  e 

mu 

ui 

va e 

ra e 

cr6  e 

Delta  to  PCM  conversion 


delta  sampling  rate 


16K 

19. 2K 

32K 

38. 4K 

DDMC 

84% 

87% 

88% 

89% 

Analog 

88% 

88% 

90% 

90% 

TABLE  4.9.-  Intelligibility  6co^e, 
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H.H.  CONCLUSION 

From  the  S/N  ratio  tests  the  DDMC  -Dl— PCM  to  delta 
conversion  is  equal  to  the  analog  conversion,  but  the  DDMC-Dl- 
delta  to  PCM  conversion  is  not  e.s  good  as  the  analog  conversion. 

The  objective  (S/N)  tests  on  the  DDMC-TD968  show  that 
the  digital  conversion  is  equal  to  or  better  than  analog  conver- 
sion in  both  directions. 

This  difference  can  be  explained  by  the  difference  which 
exists  between  the  theoretical  compression-expansion  law  of  the 
D-1  (M-lOO)  and  the  approximate  law  found  in  the  D-1  multiplex 
equipment  (see  section  5.3.2.). 

The  subjective  tests  made  on  the  systems  connected  to 
the  TD968  do  not  correlate  with  the  objective  tests  results. 
Intelligibility  scores  indicate  that  the  digital  PCM  to  delta 
conversion  is  preffered  over  the  analog  PCM  to  delta  conversion. 
From  delta  to  PCM  the  preference  is  reversed. 

The  intelligibility  scores  obtained  indicate  that  we 
have  high  quality  systems  and  in  such  a case  it  is  difficult  to 
conclude  that  one  system  is  better  than  the  other  when  there  is 
only  a difference  of  a few  percentage  points.  We  then  conclude 
that  the  digital  conversions  give  the  same  voice  quality  as  the 
analog  conversion. 
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niVFRSF  rONSlDERATlOtlS 

This  section  deals  with,  on  one  hand,  the  utilization 
of  the  conversion  principle  for  the  realization  of  a multiplexed 
24-channel  converter  and  on  the  other,  with  the  possibilities  and 
limitations  discovered  during  the  research  for  the  present  con- 
tract. 

Mm  TIPI  EX  CONVERTER 

Several  digital  filter  design  techniques  are  possible 
in  the  realization  of  a converter:  serial  or  parallel  arithme- 

tic, microprocessor.  The  serial  technology  was  used  in  the  re- 
alization of  the  uni-channel  converter.  Because  of  the  circuit 
operating  speed  it  would  be  possible  to  convert  five (5)  channels 
instead  of  one  by  changing  only  the  clocks  and  the  memory  size 
of  the  prototype.  Thus,  five  uni-channel  converters  could  be 
used  as  a multiplex  24-channel  converter.  Considering  the  fact 
that  the  cost  of  a uni-channel  converter  is  approximately  $2500 
(components  only) , the  cost  of  a multiplex  converter  would  be 
$12,500,  a cost  which  is  considerably  lower  than  that  of  a 24- 
channel  PCM-D-1  multiplexer.  In  regard  to  bulk  and  weight,  five 
uni-channel  converters  are  the  equivalent  of  a D-1  multiplexer. 

With  parallel  arithmetic  or  a microprocessor  (ROM)  the 
operation  time  is  reduced  and,  inversely,  more  operations  can  be 
done  in  a given  eunount  of  time.  However,  the  lower  the  operation 
time,  the  higher  is  the  cost.  It  follows  that  the  advantages  of 
parallel  arithmetic  or  of  a microprocessor  over  series  arithme- 
tic are  more  on  the  level  of  bulk,  weight,  size  and  of  mainte- 
nance thah  that  of  cost.  In  general,  the  DDMC  will  cost  less 
than  an  analog  conversion  since  the  cost  of  a numerical  conver- 
sion must  be  compared  to  that  of  two  conversions  in  the  analog 
case,  that  is:  PCM  "t-  analog,  analog  % A, 

^.7  Future  APPLiCATlOfia 

In  addition  to  the  PCM  conversion  done  for  reasons 
of  network  compatibility,  the  conversion  technique  can  be  used 
for  coinpression.  In  this  sense  ^ PCM  information  sent  at  a 64 
kbit/sec  rate  can  be  sent  at  a 32kbit/sec  rate  in  A,  usiny  the 
PCM  -*-A  conversion.  Moreover,  use  of  a TASI  system  could  further 
reduce  the  information  rate  from  32kbit/sec  to  16kbit/sec.  The 
inverse  process  would  permit  to  reobtain  the  PCM  signal  at  a 
64kbit/sec  rate.  Thus,  a 64kbit/sec  PCM  signal  could  be  trans- 
mitted at  a 16kbit/sec  rate  without  significantly  deteriorating 
its  subjective  quality. 


In  the  prototype  all  the  digital  multipliers  found  in 
the  digital  filters  are  constructed  using  a pyramid  structure  of 
adders  which  requires  in  the  worst  case,  N - 1 adders  by  coeffi- 
cient (figure  5.1). 


N-1  stages 
N-1  adders 


' / 


A.B 


F-cgu/ie  5.1.-  Multiplication  uiing  pt/aamid 
■itauctuac  oi  addzK6. 

In  this  method  there  is  a truncation  error  at  the  output 
of  each  adder.  The  total  error  is  not  necessarily  negligible. 

The  pipeline  multiplication  method  illustrated  in  figure 
5.2  does  not  have  the  disadvantages  of  the  preceding  technique. 


" F denotes  Flip  flop. 

F-iguAe.  5.2.-  Se.filat  PipztyLm  Multlpllzn.. 

Let  A and  B be  two  N-bit  words . The  circuit  carries  out 
the  following  computation: 

[bobi  ....  bu-2  t>N-l]  X [^0^1  •••  sn-2  sn-i  ] =* 

^N-1  [^0^1  ••••  ^N-2  ^N-l]  ®N-2  [^0^1  •••  ^N-2  ^N-l] 

+ ajj-3  [bobi  ...  bjj-2  ^N-l]  + . • . + Sq  [ bobx  ...  bN-2  bjj-ij 

where 

[aN_i  + a:„.2]  [bobi  ...  bN-2  bN-l] 
is  the  first  partial  sum, 

[aN-i  + sn-2  + aN-3  ] [ ^o^l  •••  ^N-2  ^N-l] 

is  the  second  partial  sum, 

[aN-i  + aN_2  + ...  ao  ] [bobi  ...  bN_2  bN_i] 
is  the  (N-l)-th  partial  sum. 

The  N most  significant  bits  of  each  partial  sum  above 
are  obtained  at  the  outputs  of  the  N adders  and  stored  in  the 
flip-flops  at  the  shift  times  of  the  register  which  contains  A. 

The  N first  output  bits  are  neglected  if  the  desired 
result  is  truncated  to  N bits.  A zero  reset  of  the  flip-flops 
precedes  each  multiplication. 
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The  M-lOO  law  is  approximated  in  the  D-1  by  an  analog 
circuit  (diode  and  resistance).  In  the  DDMC  prototype,  the 
M-lOO  law  is  digitized  to  be  as  close  to  the  analog  characteris- 
tic as  possible.  Nevertheless  there  is  a difference  between  the 
two  realizations  and  the  two  operations  (D-1  compression,  DDMC 
expansion)  are  not,  strictly  speaking  inverses  of  each  other. 
This  difference  degrades  the  signal-to-noise  ratio. 

' In  order  to  minimize  this  degradation  the  DDMC  law  must 

be  designed  to  be  not  a M-lOO  law  but  the  approximate  M-lOO  law 
found  in  the  D-1  system. 
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The  obiectives  aimed  at  in  this  second  phase  of  this 
R s D contract  on  a direct  digital  modulation  converter  were 
twofold: 

1 Design  a one  channel  converter  which  converts  a CVSD 
code^at  16,  19.2,  32  and  38.4kHz  into  D-1,  TD968  or 
D-2,  TD660  and  European  A law  PCM  multiplexers  and 

vice-versa. 

2.  Build  a prototype  of  such  a converter,  that  will  give 
at  least  as  good  a quality  as  the  existing  means 
(analog)  of  conversion  between  these  two  digital 

formats. 

The  reader  can  notice  that  these  objectiyes  were  met: 
this  is  a breakthrough  in  this  field  since  this  is  the  . 

totally  digital  device  of  its  type  completely  designed  and  built. 

It  is  to  be  noted  that,  since  the  prototype  is  limited  to 
a single  channel,  serial  operation  was  used.  If  multiplexing  is 
studied,  some  subsystems  might  be  shared  by 

believe  that  the  approach  then  taken  should  be  parallel  insteaa 
o1  s«!al  This  woSld  result  in  an  increased  sharing  of  components 
and  a corresponding  decrease  in  the  cost  per  channel. 

The  first  section  of  this  report  deals  with  the  theoreti- 
cal asoect  of  the  problem  and  in  this  respect  is  an  extensiOT  of 
the  phase  I report.  The  computer  simulation  of  the  CVSD  code, 

op?i^Ltion  of  the  parLeters  of  the  DDMC  (gain  adaptation, 
filters,  etc...)  are  presented  in  detail  in  this  section. 

The  overall  implementation  structure  is  presented  in 
chapter  3 in  order  to  allow  the  reader  to  follow  through  the 
main  subsystem  operations  of  the  DDMC. 

The  detailed  circuit  description  presented  in  Appen- 
dix A gives  the  entire  analysis  of  the  implementation  stra- 

tegy and  technology. 

The  circuit  drawings  associated  with  the  circuit  descrip- 
tion^are  presented  in  Appendix  B.  Appendix  C gives  a complete 
component  list. 

The  objective  and  subjective  evaluations  show  that 

the  DDMC  perforL  as  well  as  the  analog  conversion.  However  the 
DDMC-Dl-delta  to  PCM  conversion  is  not  as  good  as  the  analog  co 
ve^ioi.  ih?s  is  due  to  the  discrepancy  between  the  theoretical 
M-lOO  law  built  in  the  DDMC  and  the  analog  approximate  M 100  law 
existing  in  the  Dl-channel  bank. 
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The  actual  DDMC  prototype  built  for  a single  channel 
could  be  modified  to  take  care  of  five  (5) 

the  clock  circuits  and  by  lengthening  the  digital  filter  memories 

A better  signal-to-noise  ratio  could  be  obtained  by 
using  "pipeline"  multiplier  technology  instead  of  the  pyramidal 
multiplier  technology. 

The  DDMC  cou.ld  be  used  as  a rate  compressor  if  combined 
with  a TASI  system.  That  would  permit  to  obtain  a compression 
factor  of  four (4)  without  serious  degradation  of  the  subjective 

quality. 


APPENDIX  A 

DETAILED  CIRCUIT  DESCRIPTIONS 

This  appendix  treats  two  main  topics: 
descriptions  of  the  delta  to  PCM  converter,  second  the  circuit 
descriptions  of  the  PCM  to  delta  converter. 

in  each  case  the  circuit  board  will  be  described  as  part 
of  a function  (interfaces,  expander  etc...). 

TO  understand  each  board  description  it  is 

as 

are  often  in  brakets. 

Symbol  "BRx"  , associated  mth  the 

adder  represents  Its  flip  flop  (BR)  and  x is  the  flip  flop  cir 
cuit  number. 

A.1  DELTA  TO  PrW  rnWVERTER 

The  delta  to  PCM  part  of  the  DDMC  protot^e  is  built  with 
21  boards  which  can  be  divided  into  five  different  parts. 

-the  CVSD  coder 

-the  digital  delta  decoder  function 
-the  common  delta  to  linear  PCM  functions 
-the  compressor  function 
-the  interfaces. 

ft,  1,1.  THi:  rvsn  CODER 

The  CVSD  coder  is  built  with  the  CVSD  decoder  on  board 
labeled  B-22. 

The  CVSD  coder-decoder  circuitry  design  was  described  in 
section  3.1.1. 
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A.1.1.1.  BOARD  B-22  DESCRlPT.m 


The  four  delta  frequencies  are  generated  on  this  board. 

Gates  N42,  C15  and  potentiometer  R27  provide  a 

whiS  is  divided  by  2 through  flip  flop  N27  to  give  the  16kHz 

frequency.  Gates  N28,  C16  and  potentiometer  ^^8  provide  a 

4kHz  frequency  which  is  divided  by  2 through  flip  flop  N27  to 
38. 4kHz  frequency  wnic  chosen  A fre- 

S^«ate  the  CVSD  and  the  DDMC  by  FU  and 

FA2. 

entet  thf^^sS^L^Jr! 

felaSi  riSI  St“h^rtdVdT™U^  S^ute 

CVSD  back-to-back) . 

Potentiometer  R30  adjusts  the  attenuated  (R29)  level  o£ 
the  decoder  output  before  feeding  the  headphone  through  the  top 
jack  of  the  telephone  set  (front  panel) . 

Amplifier  N24  adjusts  (R33)  the  voice  amplitude  coming 

‘rt^rfn^  M^ri^rff  SI  ^WeS  'SrSinSS 

supplied  by  -15V  and  R31f  C18. 
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The  digital  CVSD  decoder  is  made  of; 

-an  open  loop  d^lta  circuit  identical  in  its  principle  to 
the  one  presented  in  the  PCM  to  delta  converter  section 
(A. 2. 4.1).  The  only  difference  lies  in  the  logic  gains. 

The  integrator  and  the  syllabic  filter  being  identical 
in  both  directions. 

-a  6th  order  elliptic  filter. 

The  implementation  of  the  various  coefficients  requires 

adders,  control  gates,  shift  registers  and  flip  flops  (as  men 
tioned  in  Section  3. 2. 2. 4). 

For  each  delta  frequency  a digital  CVSD  was  built.  Each 
one  of  these  is  composed  of  three  boards: 

-The  first  board  contains  the  open  loop  delta  plus  the 
signal  wires  from  the  integrator  to  the  6th-order  filter. 

-The  second  board  contains  the  first  part  °*the  digital 
filter  which  is  the  shift  registers,  the  control  gates 
and  the  adders  needed  to  build  up  the  filter  coefficients 
of  this  part  of  the  filter  plus  the  other  filter  coef- 
ficients. 

-The  third  board  contains  the  second  part  of  the  digital 
filter  or  two  shift  registers,  adders  and  gates,  the 
clocks  needed  to  operate  these  functions. 

In  order  to  simplify  the  second  and  third 
tion,  we  will  use  the  following  notations  for  the  6th-order  fH 
ter  presented  in  Figure  A.l. 
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FIGURE  A.l. 


contalmd  bocLKdi,  B-JJ,  B-/2,  B-/5,  B-J6, 
B-18,  B-I9,  B-20,  B-2I. 
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A122  2 BodAdi  B11,  B14,  B17 , B20. 
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This  part  is  composed  of  three  boards;  B-7,  B-8  and  B-9; 
its  main  function  is  to  provide  a 8kHz  linear  PCM  information  at 
the  compressor  input. 


It  contains: 


- 64K  and  8K  timing,  counter  and  gate  control  circuits. 


- Holder  circuit  and  a 64kHz  filter. 


- Delta  counter. 


This  board  is  composed  of  timing  and  gate  controls.  The 
shift  register  (N31,  N32,  N33,  N34,  N35)  is  the  64kHz  counter,  ' 
reset  on  impulse  M2,  created  on  each  negative  edge  of  the  64kHz 
frequency,  by  flip  flop  N.18  and  R2 , C2.  It  is  filled  with  ones 
up  to  the  value  19  of  the  counter  by  means  of  the  serial  clock 
of  the  shift  register  (N.30). 


This  counter  creates  the  signals  64Sx  (singal  Sx  defined 
in  3224  relative  to  the  frequency  64kHz)  necessary  to  the  2nd- 
order  filter,  as  its  serial  clock  CS121  (N.127)  and  the  serial 
clock  CS  (N28,  N30)  necessary  to  the  input  register  of  the  com- 
pressor board  B-5. 


The  8kHz  is  synchronous  and  in  phase  with  the  64kHz  fre- 
quency. The  inpulse  M^  is  created  on  the  8kHz  by  flip  flop  N26, 

Rl»  Cl,  anc  variable  V which  detects  the  first  period  of  the  64kHz 
(relatively  to  the  8kHz)  is  created  by  flip  flop  N18  (see  timing 
diagram  A. 2).  MA,  the  impulse  relative  to  the  delta  frequency,  FA, 
is  created  by  flip  flop  N22,  R4  and  C4. 


The  two  clocks  CW  and  CR  necessary  to  the  holder  (B-8) 
are  created  by  flip  flop  N26,  R3,  C3,  C5  inverters  N24  and  N25 
and  gates  N27. 


The  second  part  of  this  board  deals  with  the  operations 
necessary  before  entering  the  compressor  according  to  the  different 
PCM  laws.  When,  in  A or  MlOO  laws,  the  binary  word  output  from 
the  2nd-order  filter  has  to  be  rectified  through  flip  flop  117  and 
gates  N13,  N15  by  means  of  the  sign  S,  memorized  in  flip  flop  NIO. 
In  M255  law,  the  value  16.5,  transferred  on  each  Mi  in  registers 
N19,  N20,  is  added  in  N21  (BR12)  to  the  rectified  word. 
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When  in  TD660,  the  binary  output  of  the  filter  has  to  be 
multiplied  by  1/12.185  (0.000.10101)  by  means  of  adders  N5  I 

N6  (BR6) , gates  N3,  N4  and  then  rectified  through  flip  flop  N7  and  ■ 

gates  N14,  N15  before  entering  the  compressor.  (See  Appendix  F) . s 

To  prevent  an  overflowed  value  from  entering  the  compres—  i 

sor,  an  overflow  test  is  performed.  In  A,  MlOO  and  TD660  it  is 
done  at  the  output  of  the  second  order  filter  by  comparing  the 
identity  of  the  three  most  significant  bits  (N.30,  N2,  N3) . The 
result  of  the  comparison  is  stored  in  flip  flop  N9 . 

In  M255,  this  test  must  be  performed  after  having  added 
16.5,  to  see  if  the  maximum  value  is  reached.  The  last  three 
impulses  of  clock  CS123  (N29)  are  inhibited  or  not  by  the  adder's 
output  (N27,  gate  Nil)  so  that  the  flip  flop  N12  does  or  does  not 
count  an  overflow.  The  outputs  of  flip  flops  N9  and  Nl2  do  or 
do  not  allow  an  impulse  (N29)  through  gates  Nil.  The  overflow  re- 
sult, called  DE,  is  sent  to  the  compressor  board. 

fl.iu.7.  BOARD  B-8:  HflLHER  AND  IWkHz  D161TAL  E1LT£R 

This  board  permits  to  enter  every  binary  word  of  each 
delta  demodulator  at  the  delta  frequency,  and  to  filter  them  in 
the  second  order  filter  at  64kHz. 

» 

The  selection  of  the  incoming  bit  stream  and  associated 
serial  clock  of  the  shift  register  (N3,  N4,  N5 , N6)  is  made 
through  gates  N2  and  N9 . The  clock  CW  built  from  FA  writes  this  “ ■ 

binary  word  in  the  buffer  made  of  register  NIO,  Nil,  Nl2,  N13  and  | 

the  clock  CR  built  from  64kHz  reads  the  buffer  content,  in  shift  | 

registers  (N17 , N18,  N19,  N20) . 

This  shift  register  is  the  input  of  the  2nd  order  filter 
composed  of  two  registers  (N22,  N23,  N24,  N25,  N26,  N15 , N16 , N21, 

N14)  and  principal  adder  N7  (BR34) . Outputs  Q2  (N14)  and  Qi(N26) 

are  gated  through  N32  and  N31  to  adder  N35  (BR34)  as  the  outputs 

Q3(N25)  and  Ql(N25)  to  adder  N33  (BR30) . The  filtered  words  are 

added  in  circuit  N28  (BR27)  and  the  output  feeds  back  the  prin-  : 

cipal  adder.  The  sign  bits  of  the  two  words  are  memorized  in  D 

flip  flops  (N30,  N27) . 1 

ROARn  B-9i  riFiTA  counter  from  DELTA  TO  £01 

This  counter  is  composed  of  shift  register  N2,  N3,  N5, 
n6,  N37,  N38,  N40,  N41  . It  is  reset  on  an  impulse  MA  created  on 
each  negative  edge  of  the  delta  frequency  F^  (N25,  27)  and  it  is 
filled  with  logic  ones  with  the  serial  clock  of  the  shift  regis- 
ter stopping  on  the  value  30  of  the  counter  (N27) . I 

Fa  and  fast  clock  CF2,  are  independent . Every  Sx  has  the 

value  0,  up  to  the  value  x of  the  counter  and  1 up  to  its  reset. 

The  timing  diagram  is  presented  in  Figure  A-3. 
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FIGURE  A-3.-  T^m<ng  cUag^am 

delta  counte^j  delta  to  PCM. 

THF  COMPRESSION  FUNCT.1M 

This  compression  function  from  linear  to  different  com' 
pressed  PCM  characteristics  is  done  by  one  board  (B-5) . It  con- 
four  compression  laws  the  MIOO^  M255  or  TD968j  A,  and 

TD660. 


ft,T,U.1  INPUT  SATES  (Nl)_ 

The  PCM  bit  train  can  come  from  four  different  sources 
according  to  the  compression  law  (M255,  A,  MlOO,  or  TD660).  A ^ 
four-position  switch  (1,2, 3, 4)  enters  a "I"  in  one  gate  and  0 

in  the  three  others. 

A.  1.4 .2  INPUT  RFfilsTER  N5i  flL.  L NIQ) 

It  is  a 12  bit  register  usually  controlled  by  a serial 
clock  which  gives  12  impulses  per  frame.  If  there  is  overflow 
after  loading  (tested  on  another  board) , the  registers  pass 
parallel  control  (the  overflow  information  appears  on  DE)  and 
"l”'s  are  loaded  in  the  12  register  positions. 


A. 1.4. 3.  CLOCKS 


A.1.4.3.1.  8kH7  nnr.KS  (N2.  N9) 


Four  8kHz  clock  signals  are  needed: 

A)  Parallel  clock  of  the  work  register  -C2. 

B)  Mode  control  of  the  work  register.  MC. 

C)  Counter  zero  reset  impulse  -RO  (except  for 

D)  Impulse  for  the  work  register  serial  shift 
the  incrementation  of  the  counter  for  laws 
MlOO  only. 


law  TD660) 
and  for  the 
A and 
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These  signals  are  obtained  with  two  set-ups  similar  to 
the  one  in  Figure  A. 4 mounted  in  series 


8 KHZ 


i_r 


IT 


JL 


FIGtlRE  A.  4.-  ImpaU^  ge.mn.aton. 

The  signals  are  of  the  form  indicated  in  Figure  A. 5 


0 20  40  60  60  ns 

FIGURE  A. 5.-  Timing  dlagaam. 

CF  and  the  8kHz  are  synchronous  but  their  phase  is  ill- 
defined.  Therefore,  the  case  where  a CF  trailing  edge  occurs 
too  soon  after  (or  at  the  S2une  time  as)  an  identical  8kHz  edge 
must  be  avoided. 

For  this  reason,  at  each  8kHz  trailing  edge,  the  A 
flip_flop  is  reset  to  zero.  The  first  CF  impulse  cannot  there- 
fore be  gated  to  the  work  unit  since  Q=l.  Q will  however  become 
equal  to  "1",  opening  the  gate  and  blocking  it  in  this  position 
until  the  next  8kHz  trailing  edge. 


-- -■ 


In  law  TD660  (4),  the  flip-flop  is  constantly  blocked  at 
zero  by  its  reset  in  order  to  prevent  sending  the  fast  clock  in- 
to the  work  unit. 

A. 1.4.^.  WORK  REGISTER  (Nil/  N12/  JIJi) 

It  is  initially  charged  in  parallel  by  the  input  regis- 
ter. Its  contents  can  be  shifted  by  impulses  acting  on  the  se- 
rial clock  (Cl)  , coming  from  the  central  unit  . 

A.  1.4.5.  WORK  UNIT  (N28/  NIQ/  N19. 

In  law  M255  (1*1)  , the  7 most  significant  work  register 
bits  are  tested.  If  at  least  two  of  them  equal  "1",  two  impulses 
are  emitted.  The  first  one  HC  will  increment  the  counter,  the 
second  one  HS  shifts  the  register  contents  toward  the  less  si- 
gnificant bits. 

In  laws  A and  MlOO  (2  or  3 =1),  the  operations  are  iden- 
tical except  at  the  beginning  of  each  frame.  First,  the  con- 
tents of  the  register  are  shifted  (impulse  d)  in  the  clock  sec- 
tion. A unit  counter  is  also  incremented  if  at  least  1 of  the 
7 most  significant  bits  equals  "1". 

In  law  TD660  (4=1)  , impulse  HS  is  blocked  (it  is  unneces- 
sary to  block  HC  since  the  counter  is  blocked  at  0) . 

A.  1.4.6.  COUNTER  (N28/  fl33_) 

It  is  reset  to  zero  at  the  beginning  of  each  frame  by  a 
reset  impulse  (impulse  r}  in  the  clock  section)  for  laws  M255, 

A and  MlOO.  In  law  TD660,  it  is  blocked  permanently  at  zero 
again  by  its  reset. 

A.  1.4. 7.  MEMORY  GATES  (N26,  fl27 . N54.  N35.  N41/  fi4.Q) 

Depending  on  the  law,  MlOO  or  TD660,  the  memory  does  not 
receive  the  same  information  coming  from  the  same  points  which 
makes  it  necessary  to  gate  each  memory  input. 

A. 1.4.8  THE  MEMORY  (N51) 

It  is  supplied  by  +5v  and  -9v . The  latter  is  created 
from  the  -15v  by  a zener  diode  (CR2) . CRl,  which  has  a higher 
power  rating,  conducts  only  when  CR2  is  short-circuited,  thus 
protecting  the  memory  until  breakdown  of  CR2  (open  circuit) . 

Addresses  0 to  127  are  used  for  law  MlOO,  those  from  132 
to  211  (A7=l  for  law  TD660) . Addresses  212  to  255  contain  the 
same  information  as  address  211  (n2unely  31)  in  order  to  avoid 
overflow. 
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It  must  be  noted  that  memory  fan-out  is  1. 


LIA. 
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Thev  permit  to  output  with  7 wires  regardless  of  the 
law  by  always  taking  the  least  significant  bit  (B8)  as  referen- 
ce . 


A.1-S.  THF  A->  PCM  INTERFACES 

The  interface  circuits  permit  the  connection  of  the  con- 
y0r"ter  output  with  real  PCM  channel  banks.  Those  circuits  provid 
ed  the  interfacing  of  the  D-1,  D-2  or  TD968  with  the  TD660  multi- 
plexers. Three  boards  are  used  for  interfaces : B-4 , B-3  and  B-1. 

The  selection  of  the  PCM  channel  is  done  on  board  B4  by 
strapping  oneCHN,  1 <N<  24  with  the  CHN  wire  (see  Section 

A. 1.5. 1.4)  this  board  also  generates  all  the  clocks  needed  for 
boards  B-1  and  B-3  as  well  as  the  DDMC  master  clock. 

Board  B-3  transforms  the  parallel  PCM  into  serial  PCM 
information.  Board  B-1  permits  the  various  PCM  channel  bank  ope- 
rations . 

A.1.5.1.  bqardI-^ 

This  board  generates  all  the  clocks  for  boards  B-1  and 
B-3  and  the  master  clocks  for  the  DDMC. 

The  selections  are  made  with  a switch  located  on  the 
front  panel,  to-  obtain  the  function  Dl,  TD660,  TD968  or  A. 


-Position  1 is  the  TD968  command 
-Position  2 is  the  A law  command 
-Position  3 is  the  Dl  command 

-Position  4 is  the  TD660  command. 

A.1.S.1.1  MASTER  CLOCKS 

The  square  wave  clocks  are  needed  to  correspond  to 
each  PCM  system:  DH#  D<ti2,  and  D<|)3  (Figure  A. 6 p.  96). 

For  the  D 1 multiplexer,  Difil  is  created  by  an  oscilla- 
tor composed  of  gate  29  and  the  crystal  XI  (Frequency  1.544MHz). 

For  the  TD660,  D<}i2  is  created  by  gate  30  and  is  adjus- 
table by  the  potentiometer  P2  (frequency  576KHz) . 

For  the  TD968,  D(t>3  is  created  by  gate  37  and  is  adjus- 
table by  the  potentiometer  P3 (frequency  768KHz) . 
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The  result  of  the  selection  by  gate  N1  gives  one  of  the 
three  clocks  {D^  which  is  either  Di|)l,  2 or  3)  . 

External  clocks  (D<|.2T  or  D<J>3T)  could  be  connected  (by 
a strap  on  the  board)  instead  of  D(|»2  or  Dit>3. 

A.I.S.1.9.  DIGIT  COUNTER 

It  is  a sign  counter  composed  of  shift  registers  N2  and 
N3  and  flip-flop  N5. 

The  trailing  edge  of  D41  shifts  a "1"  in  the  counter. 

The  return  loop  (circuit  N4  and  N12)  permits  a count  by  8 or  9 
for  the  Dl,  8 for  the  TD968  and  6 for  the  TD660  system. 

A parallel  loading  order  is  sent  to  the  digit  and  chan- 
nel counter  if  a wrong  load  is  detected  by  gates  N9,  NlO,  N29 
and  N39. 

The  digit  counter  generates  all  the  signal  Dl,  D2,  D3, 

D4,  D5,  D6,  D7,  D8,  D9 , DF  and  CS2  (1.4)  (Figures  A. 8,  A. 13  p.97 
and  p.  102)  Dl  through  D9  are  the  time  positions  of  the  code  bits 
and  of  the  frame  bits  (Figures  A8,  A. 13  p.  97,  and  p.  102). 

CHANNEL  CQUKm 

It  is  a ring  counter  composed  of  registers  N16,  N17,  N18, 
N19,  N20,  N21. 

A count  by  12  (TD968,  TD660)  or  by  24  (Dl)  can  be  done 
by  the  return  loop  (circuit  N15)  . 

The  counter  is  operated  by  a serial  clock  CS2  (see 
Section  A. 1.5. 1.3.). 

As  for  the  digit  counter,  circuits  N38  and  N40  check  the 
loading  of  the  channel  counter  and  order  a parallel  operation 
in  the  case  of  wrong  loading. 

Signals  CHI  through  CH24  are  high  during  the  time  inter- 
val 1 to  24  corresponding  to  the  PCM  channel  (see  Figures  A. 8, 
A.13;p.  97  and  p.  102) . 

These  signals  are  at  a 8kHz  rate. 

A.I.S.I.u  frame  counter 

DF  is  the  frame  bit  position,  this  position  being  varia- 
ble with  each  PCM  multiplexer. 
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D1  OPERATION. 


When  the  channel  counter  is  in  the  24th  position  and 
when  the  digit  counter  is  in  the  8th  a frame  signal  FRl  is  genera- 
ted by  gate  N33. 


This  signal  FRl  is  high  during  the  frame  digit  dura- 
tion . 

TD660  OPERATION. 

As  above  FR2= (CH12 ) . (DF)  , where  DF  is  the  6th  Posi- 
tion of  the  digit  counter  and  CH12  is  in  the  12th  position  of  the 
channel  counter. 

TD968  OPERATION. 

The  framing  pattern  is  set  every  12  frames  (on  fr^e 
1) . Thus  a divide  by  12  counter  (circuits  32,  35,  41)  generates 
a signal  F3  at  logic  level  "1"  when  it  is  the  frame  1.  The  si- 
gn^lUng  bit  is  set  on  frame  6.  Thus  the  framing  counter  genera- 
tes SIG3^  for  frame  6 in  the  same  way  as  F3  was  generated  for 

frame  1 . 

A.1 .S.l.S.PHASE  LOCK  LOOP  OSCILLATOR 


This  oscillator  (circuits  N14,  N5,  N13,  N6)  generates 
CFl  CF2 , 8K  and  64K  synchronous  with  the  loading  signal (CH5+CH6) 
of  the  channel  counter.  (CH5+CH6)  is  chosen  to  have  a pulse  lar- 
ger than  10 us  in  every  case  and  to  provide  a delay  for  the  com- 
pression board  B5. 

Since  as  the  8KHz  clock  of  B5  is  CH2 , the  delay  bet- 
ween 8K  and  CH2  is  8 channel  durations  (at  least  100  us) . 


A.1,5.1.6.  A 1 AW  OPERATION 

In  the  A law  position  all  the  counters  work  as  for 
the  Dl  with  the  master  clock  D<Jil. 

This  permits  to  get  all  the  signals  needed  for  wri- 
ting and  reading  PCM  data. 

A. 1.5. 2.  BOARD  B-3 

This  board  transforms  the  parallel  PCM  (Leads  called 
PDAO  to  PDAG)  into  serial  PCM,  DQl,  DQ2 , DQ3  according  to  the 
table  below; 


the  DQ  signals 
are  in  the  DDMC 
code  (See  Figure 
A. 7 P.97) . 


r— — 

Dl 

TD968 

TD660 

Serial 

Output 

DQ2 

DQ3 

DQl 
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A. 1.5. 2.1  BUFFER  I 

This  board  receives  the  parallel  PCM  data,  PDAO,  PDAl, 
PDA2 , PDA3,  PDA4,  PDAS,  PDA6  from  compression  board  B5  which  re- 
presents the  amplitude  of  the  signal  in  the  DDMC  code. 

Those  data  are  stored  (clock  CH9Da)  in  shift  registers 
N12  and  N13  through  gates  N9 , NlO,  Nil  according  to  the  following 
table : 


CIRCUIT  N° 

OUTPUT 

D1 

TD660 

TD968 

N 12 

Qq 

PDAO 

PDAO 

PDAO 

N 12 

Qi 

PDAl 

PDAl 

PDAl 

N 12 

CM 

O 

PDA2 

PDA2 

PDA2 

N 12 

Q3 

PDA3 

PDA3 

PDA3 

N 13 

0 

0 

PDA4 

PDA4 

PDA4 

N 13 

Qi 

PDAS 

PDAS 

PDAS 

N 13 

CM 

0 

PDAS 

1 

PDA6 

N J.3 

Q3 

1 

1 

PDAS 

PDAS  is  the  sign  of  the  signal  after  the  buffer  30. 
A. 1. 5.2.2.  ZERO  CODE  SUPRESSQR 


-Not  used  for  TD660  operation. 

-When  the  code  11111111  is  detected  a zero  is  subsitu- 
ted  for  the  least  significant  bit  through  gate  N40. 

In  TD968  operation,  only  the  precedent  operation  is 
done  on  the  digit  D7  if  the  channel  is  in  a framing  or  a signalling 
frame  (signal  F3  or  SIG3  at  logic  level  1)  by  means  of  gate  39. 

The  zero  code  detector  is  composed  of  gates  n21,N28,N35. 

A.l.5.2.3  BUFFER  2 

The  data  are  entered  into  buffer  2 (circuits  N26 , N27) • 
The  parallel  clock  is  inhibited  by  CHN  to  prevent  writing  during 
the  channel  N chosen  for  transmission. 

The  serial  clock  is  a 5,6,  or  7 perioc^square  clock 
created  by  gates  Nl,  N16,  N31,  N37,  N38.  (see  length  of  the 
words.  Figure  A.6  p.  96  ). 
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DQ2 , by  means  of  gate  N30  is  transformed  into  D1  code 
(Table  2) . It  was  previously  in  DDMC  code. 

The  sign  SQ4  is  substituted  into  the  most  significant 
bit  (MSB)  of  the  pattern  through  the  gates  28  and  23. 

The  RBC  (reference  binary  counter)  creates  the  framing 
code  0101...  This  code  is  transformed  into  the  frame  patterns 
and  is  mixed  with  the  sigalling  pattern  through  gate  32. 

Gates  N36  and  N39  mix  the  incoming  PCM,  the  framing 
and  the  signalling  pattern  (coming  out  of  gate  32)  into  a comple- 
te frame  (see  Figure  A. 9,  p.  98) . 

The  signal  is  stored  in  the  flip  flop  40  to  prevent 
transition  chances. 

This  unipolar  PCM  is  transformed  into  a bipolar  output 
(see  Figure  A. 6,  p.  96)  by  means  of  circuits  N33,  N19  and  trans- 
former Tl. 

PCM  lOUT  is  the  bipolar  PCM  output  and  is  sent  on  the 
transmission  line. 

A.1.5J.2^TD66Q  operation 

DATA  TRANSMISSION 


This  circuit  works  like  that  of  the  Dl  through  gates  N2, 
N9,  N34,  N36,  N37,  N38  and  N39  with  signal  DQl. 

The  output  of  flip  flop  N38  is  transformed  into  the 
TD660  output  level  by  transistors  and  Q2  (see  Figures  A. 6 and 
A. 8,  pp.  96-97,  for  level  and  configuration).  PCM20UT  is  the 
PCM  output  and  is  sent  on  the  transmission  line. 

CLOCK  OPERATION 

D(})  is  stretched  through  flip  flop  N33  to  be  a 100ns  pul- 
se. This  pulse  is  transmitted  to  the  line  by  means  of  circuits 
Q3  and  Q4 . 

A. 1.5. 3. 3.  TD968  operation 


r "I 
\ ' 


! 

I 
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Signal  D(|)3  is  sent  to  gate  NlO  to  be  multiplexed  with 
the  frame  pattern. 
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The  reference  binary  counter^ (reg is t« 

inlomlng'SItrrnd  the  signalling  bits  by  gates  N24,  N25, 

and  N26. 

The  output  of  gate  H25  is  sent  to  the  flip  flop  N40  used 
to  prevent  transition  chances. 

mission  line. 

CLOCK 

D<k  is  converted  by  Qii,  Ql2»  Ql5  and  Q14, 
mitted  through  the  transmission  line.  After  conversio  4. 

comes  D4>  3T0UT. 

ft,?  prw  TO  nFLTA  CONVERTER 

The  PCM  to  delta  part  ‘he  DDMC  prototype  is 
of  14  boards  which  can  be  subdivided  into  different  parts. 

- the  interfaces 

I the  coSmSn°l inear  PCM  to  digital  delta  function 
_ CVSD  decoder. 
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Ax2J.  THE  PCM  INTERFACES 

The  interface  circuits  permit  the  connection  of  the 
rPMC  input  to  the  real  PCM  channel  banks:  The  D-1,  D-2,  TD660. 

Thioo  boaitis  arc  needed  to  do  the  interfacing:  T-1,  T-3  and 

T-4  . 


/L.2J^1._^qard  J1 

AaZxlilLl. D1_.Q££RATI0H_($EE  figure  7 FOR  level) 

The  PCM  data,  (leads  PCMIR  and  PCMIT)  are  sent  into  a 
circuit  composed  of  Tl,  Ql,  CR2  and  comparator  4. 

Diode  D1  gives  a DC  voltage  equal  to  half  the  real  value 
of  the  bipolar  PCM.  Diodes  D2  and  D3  rectify  the  bipolar  signals 
to  obtain  a unipolar  PCM  compared,  by  means  of  comparator  N4,  to 
the  DC  voltage.  The  output  of  gate  Nil  is  a unipolar  PCM. 

This  output  is  sent  into  resonant  amplifier  Q2,  Q3  and 
Qg  tuned  to  1.544mHz  with  inductances  LI  and  L2 ; a Schmit  trig- 
ger squares  the  signal  of  this  amplifier  and  gives  D(jil,  the  mas- 
ter clock. 

Flip  flop  N18  creates  a unipolar  PCM.  The  PCM  transi- 
tion coincides  with  the  trailing  edge  of  master  clock  D(|)l. 

The  PCM  signal  and  clock  are  sent  to  boards  T3  and  T4  to 
provide  the  frame  synchronization. 

A.2.1.1.2.  TD&6Q  operation  (see  figure  1 for  level) 

The  PCM  data  (Lead  PCM2R)  are  sent  into  equalizer  Q4  end 
circuits  N16  and  N17. 

Amplifier  N16  gives  a DC  voltage  equal  to  half  the  peak 
value  of  the  PCM  and  comparator  N17  compares  the  PCM2  and  DC 
signals . 


Clock  D(|»2  is  regenerated  in  the  same  way  by  circuits 
Q5 , N23  and  N24. 

The  PCM  bits  and  clock  are  sent  to  boards  T3  and  T4  to 
provide  the  frame  synchronization. 

A. 2.1. 1.3.  TD968 

The  NRZ  (no  return  to  zero)  unipolar  (Lead  PCM3R)  is 
regenerated  by  circuit  N33. 

Clock  D(|)3R  is  regenerated  by  circuit  N32  (see  Figure  1 
for  levels) . The  output  of  flip  flop  N26  is  a regenerated  PCM. 
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The  transition  of  the  PCM  coincides  with  the  trailing 
edge  of  clock  D(j)3.  The  framing  synchronization  is  done  by  boards 
T3  and  T4 . 


A.2,1.1.^  COMMON  PARTS 

The  3 PCM  signals  are  sent  into  gate  N20  to  be  selected. 
The  output  PCM  of  gate  N20  is  rectified  by  gates  N27  and  N34. 

The  common  clock  D<{i  (DH,  or  D((i3)  is  stretched  by  circuit  N28. 
Gates  N40 , N41  and  N21  create  a 6,  7 or  8 pulse  clock  during  the 
CHN  duration  ( 1<N_<24  for  Dl  and  lj^N£l2  for  TD968  or  TD600.) 

These  pulses  shift  the  PCM  data  for  channel  N into  buf- 
fers N30  and  N31.  The  data  are  held  125ps  for  the  expander  (Eq 
to  Eg).  The  sign  is  stored  in  flip  flop  N35. 

Signal  078  contains  information  for  the  TD968  only.  A 
"1"  value  means  the  PCM  is  only  7 bits  during  a framing  or  a sig- 
nalling frame. 

A.2.I.2.  FRAME  SYNCHRONIZATION 

A. 2. I. 2. I.  PRINCIPLE 

The  counter  board  generates  a frame  signal  (FRl,  FR2,  FR3) 
(Fig.A.8,9,10) . When  this  frame  signal  is  high,  the  PCM  bit  is 
checked  and  compared  to  the  value  of  a Reference  Binary  Counter 
(RBC) . The  comparison  result  (CR)  is  stored  (See  Section  A. 2.1. 
2.3)  in  the  correlator. 

If  CR  is  high  ("1"  level)  and  there  are  at  least  3 "1" 

CR's  among  the  last  5 CR's  the  counters  (digit,  channel  and  frame) 
are  stopped  by  the  off  signal  CO  one  period  of  D(Ji  and  reset  in  the 
frame  position  (A. 2. 1.2. 2).  New  clocks  are  made  until  CR  becomes 
low  ("0"  level). 

If  result  CR  is  "0",  nothing  is  done,  the  counter  is  not 
stopped  and  continues  running. 

Low  CR  result  "0"  is  called  a good  CR. 

High  CR  result  "1"  is  called  a wrong  CR. 

Ai2ili2i2i BOARD  T3 

This  board  is  composed  of  a digit  counter,  a channel 
counter  and  a frame  counter. 

Circuits  N7,  N6,  N30,  N13,  N26  and  N39  give  CFl,  CF2,  8K 
and  64K  the  signal  clocks  for  all  the  boards  except  Tl,  T3 , and 
T4.  This  is  a phase  lock  loop  system  used  to  obtain  CFl,  CF2 , 8K 
and  64K  synchronous  with  the  PCM  signal  CHN-9  (A. 2. 1.2. 2. 2) . 
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Signal  CH  -9  could  be  selected  by  strapping  on  board  T3 
when  N value  is  changed  (A. 2. 1.1. 4).  CH  -5  (A. 2 . 1 . 2 . 2 . 2)  is  a 
Skllz  signal  for  the  expanding  board  delayed  5 channel  durations 
from  the  chosen  CHN  (A. 2. 1.1. 4). 

/V.2.1.2.2.1. DIGIT  COUNTER  (PC) 

Master  clocks  D(J)1,  D((i2,  D(j>3  are  selected  by  gate  Nl.  The 
result  D(()  is  sent  to  boards  T1  aiid  T4  and  is  also  streched  to  be, 
a pulse  by  circuit  N8. 

The  digit  counter  is  a ring  counter  composed  of  register 
N2,  N3,  N4  and  gates  N12,  N5.  Gates  N12  and  N5  provide  a count 
by  N6 , N8,  or  N9  if  in  position  Dl , TD968  or  TD660.  The  D1  func- 
tion is  command  lead  2. 

Th  TD968  function  is  command  lead  1. 

The  TD660  function  is  command  lead  4. 

Gates  N9,N10,N11  and  N29  are  a zero  detector, if  the  digit 
counter  is  not  loaded  properly.  They  create  a signal  order  for 
parallel  loading  through  gates  N38  and  N30. 

In  D1  operation  the  digit  counter  counts  by  8 for  each  chan- 
nel except  channel  24.  A count  by  9 is  provided  for  channel  24 
(Figure  6) . 


In  TD660  operation  the  digit  counter  counts  by  6 (Figure 

7)  . 

In  TD968  operation  the  digit  counter  counts  by  8 (Figure 

8)  . 

This  counter  creates  Dl,  D2,...  D9 , DF  and  CS2  (Figures 
6,7,8  and  Figures  3,4,5). 

Signal  CO  (board  T3)  can  inhibit  Di{)  for  one  period  to 
provide  the  frame  detection  (A.2.1.2.1.)  . 

A. 2.1. 2.2.2  CHANNEL  COUNTER  (CO 

This  counter  is  a ring  counter,  composed  of  shift  regis- 
ters N16,  N14,  N18,  N19,  N20,  N21  and  gate  40. 

In  D1  operation,  the  CC  counts  by  24  and  in  TD968  or 
TD660  operation  by  12  by  means  of  gate  N40. 

This  counter  is  implemented  by  CS2  (A. 2. 1.2. 2.1,  Figures 
6,7,  8) . Signal  CH-  5 is  a 8kHz  pulse  needed  for  the  expander 
board.  Signal  CH-  9 is  a 8kHz  pulse  needed  for  the  phase  lock 
loop  oscillator.  Signal  CHN  is  needed  to  pick  up  the  PCM  data  of 
channel  N.  N,  can  be  selected  between  1 and  24  for  Dl  operation 
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and  between  1 and  12  for  TD968  and  TD660  operation. 

This  is  done  by  a strap  on  the  board  itself. 

The  delay  between  CH-5,  CHN  and  CH- 9 should  be  res- 
pected  to  prevent  transition  chances  (see  section  A.1.5.1.6. 
planation) . 


ft, 9 1.9.?.^  FRAME  C0UN.IER 
fl  9. 1.9. 9. 3.1,  pi  Tn66Q  OPERATIQU 

Gate  N28  creates  FRl  when  DC  is  in  position  8 (signal  DF) 
and  CC  in  position  24  (CH24)  (Figures  4 and  6) . 

Gate  28  creates  FR2  when  DC  is  in  position  6 (DF)  and  CC 
in  position  12  (CH12)  (Figures  3 and  7) . 

ft,y.1.9.9.3.9.  TPqfiP.  DPFRATION 

It  is  a divide  by  12  counter  implemented  by  the  signal 
CHI  (A.2.1.2.2.3)  (circuits  N35,  N42  and  N38) . 

The  signal  called  IN78  is  a signal  which  is  high  when  the 
frame  is  a framing  or  a signalling  frame. 

F3  is  a signal  which  is  high  during  a framing  frame. 

SIG3  is  a signal  which  is  high  during  a signalling  frame, 
(see  Figures  5 and  8). 


A.9.1.9.3.  BOftRDrt 
t.9.1.2.3.].rnMMnh  SYSTEWa 


Gate  N2  creates  FR3  from  F3  and  DF,  FB3 
signal  which  represents  the  position  of  the  frame  bits 

TD968. 


Gate  N9  selects  FRl,  FR2.or  FR3  for  Dl,  TD660  or  TD968 
Gate  wy  seiecta  2 2 4)  The  result  FR  is  used  to 

operation.  (see  section  A. 2. 1.2.2. 

select  the  PCM  frame  bits  from  board  Tl. 


The  framing  patterns  for  the  ®’^J.™®23^'^®2r^N29"^N30 
/■n-  rpvifa  RBCl  is  coiiunon  (circuits  N15,  N23,  N2o,  Nzy, 

n31^'^N37)  Fo?the  TD968,  the  RBC2  is  composed  of  shift  registers 

III:  N3r,'H«  aS  gate  nil  (Figure  1 for  frame  pattern). 


Gate  NIO  selects  RBCl  or  RBC2. 


1.2.1. 


The  principle  of  operation  was  developed  in  Section  A.2. 
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A. 2 .1.2. 3. 2 CORRELATOR  (COR)  (See  Section  A. 2. 1.2,1  fqr 
principIeT; 

A. 2. 1.2. 3.2.1  GENERAL 

The  correlator  (circuits  N24,  N31,  N32,  N33,  M34,  N25) 
counts  the  number  of  wrona  CR's  (see  Section  A. 2. 1.2.1)  in  5 CR's. 

The  incoming  PCM  (lead  PCM)  is  compared  with  BRCl  or 
BRC2  by  means  of  gateN3;  gate  N21  selects  the  result  CR  during 
frame  time(see  sections  A. 2. 1.2. 3. 2. 2. , A. 2. 1.2. 3. 2. 3. ) > 

CR  is  entered  into  COR  by  means  of  circuit  M42,  the  clock 
is  a pulse  validated  when  FR  is  high  (circuit  N9)  . 

Signal  CO  is  high  when  there  are  at  least  3 wrong  CR's 
in  the  correlator  and  the  last  CR  being  entered  is  wrong. 

This  CO  signal  (high  lead)  is  able  to  stop  the  digit 
counter  for  one  period  of  D<t)  when  in  the  "out  of  frame"  condition. 

"Out  of  frame"  condition  is  declared  when  3 CR's  out  of  5 are 

wrong. 


When  the  frame  has  been  lost  and  if  the  CR  is  not  good, 
the  frame  is  considered  being  lost.  To  be  in  the  frame  condition, 
at  least  one  good  CR  is  needed  (see  Table  A. 2). 


!n°  of  wrong  CR's 
in  the  COR 

Last  CR  ^ 

entered  into  COR:CR 

CO 

Frame 

condition 

0 

good 

low 

in 

r 

1 

good 

I 

low  ’ in 

1 

wrong 

low  i in 

< 

1 

good 

low  in 

^ 

2 

wrong 

low  1 in 

3 

good 

low  in 

3 

wrong 

high  out  of 

4 

good 

low 

in 

4 

wrong 

high 

out  of 

When  CO  is  high  the  digit  counter;  (Section  A. 2. 1.2. 2.1) 
is  stopped  and  signals  FR  stay  high  and  permit  a check  of  the 
following  PCM  bits  as  if  they  were  frame  bits. 

A.7.1.7.'^.7.?.TD66Q  Ann  Dl  RBCl  (Reference  binary  cqunt£e1 

The  reference  binary  counter  is  a counter  which  contains 
the  freune  reference  pattern  (0101...). 

Flip  flop  N31  changes  state  every  fraune  to  provide  the 
framing  pattern. 

When  an^'but  of  frame* condition  is  determined,  CO  opens 
gates  N37,  N30,  N23  and  N26  and  the  value  of  the  PCM  digit  is  en- 
tered by  means  of  these  gates,  into  flip  flop  N31. 

If  the  RBC  value  and  the  PCM  bit  in  check  are  the  same,  CR  is 
necessarily  good.  Thus  00  goes  low  (see  Table  A. 2)  and  the 
digit  counter  runs  again.  This  reset  of  the  RBCl  is  needed  to 
prevent  the  RBCl  from  being  at  the  opposite  value  of  the  frame 
pattern. 


Gate  NIO  selects  RBCl  or  RBC2  output. 

A.7.1.7.V7.3.  Tn968  RBC2 

Since  the  frame  pattern  occurs  every  12  frames  and  is 
OOnooilOllOl,  the  RBC2  is  a shift  register  (N38,  N39,  N40)  clocked 
by  FR3  (see  Section  A. 2. 1.2. 3. 1) . 

Gate  NIO  selects  RBCl  or  RBC2  output. 

When  an  "out  of  frame"  condition  occurs,  CO  goes  high  and 
the  digit  counter  is  stopped,  the  digit  counter  can  run  again 
only  when  a is  good. 

A.2.1.2.3.2.II  SPFr.iAi.  features 

Circuits  N35  ,N36  ,N24  ,M42  are  needed  when  the  COR  is  filled 
with  5 wrong  CR's  and  when  FR  is  low  (this  could  happen  when 
the  DDMC  is  switched  "on")  to  prevent  the  counter  board  T3  from 
being  stopped  and  to  prevent  frame  synchronization. 

A.7.1.2.3.2.5  AIARM  FEATURE 

A red  light,  on  the  front  panel,  provides  a visual  alarm 
for  the 'but  of  frame"  condition.  When  CO  goes  high,  flip  flopN35 
changes  state  and  transitors  Q1  and  Q2  are  satured;  the  light 
goes  on.  An  incorporated  pushbutton  is  provided  with  the  light. 
This  buttom  resets  flip  flop  N35  in  the  off  condition.  If  pushing 
this  button  makes  the  light  go  off,  frame  has  been  found. 
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loOTPOT  LEVELS 


bipolar 
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TD660 
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I NUMBER  OF  CHAWHEI 
TIMING 


24 


12 


l.S44kHz 

not  transmitted 


768kHz 


transmitted 

square  wave  50% 


iev  i IV 


trailing  edge 
coincides  with 
center  of  data 
output  interval 


576kHz 
transmitted 
base  -2  - 0.4V 
peak  0 t 0.4V 
pulse  wicth  80  to 
150us 

leading  edge  leads 
the  PCM  transition 
by  0 to  80us 


KRAMING 


|Ono  bit  between 
L.sn  and  signalling 
on  the  last  channel| 
of  each  frame 
pattern: 0101 . 


one  bit  substitu 
tod  to  the  least 

significant  bit 
of  each  channel 
every  12  frames 
pattern : 

000001101101  .... 


SIGNALLING 


Last  digit  of 
each  channel 


I one  bit  substitu 
ted  as  the  least 
significant  bit 
of  each  channel 
every  12  frames 
with  a shift  of 
6 frames  with  a 
with  framing 
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12 


one  bit  substituted 
as  the  least  signi- 
ficant bit  of  the 
last  channel  of 
each  frame 
pattern: 0101 ... • 


FIGURE  A. 6.-  PCM  channeti  banki  KzquVimznt!> , 
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PCM  CODE  P 
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0 
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111111 

8 
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V 

1 000000 

1 1111111 

1 0 0 0 0 0 

E 

0 111111 

0 1111110 

0 11111 
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R 
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0 00001 

0 0000001 
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V 

y. 

i;tha  tr.irr 

STHAIC.IIT 

STltAIOIIT 

niNAKV 

niNADY 

BINARY 

MSB  means:  most  sianificant  bit  . 
LSB  means:  least  significant  bit. 


FIGURE  A. 7.-  PCM  codt6. 


Dl  through  D6:  coding  bits 
D1  is  the  most  significant  bit 

D6  is  the  least  significant  bit  except  on  channel  12 
On  channel  12  D6  is  the  framing  bit  while  05  is  the  least 
significant  bit 

FR2  is  high  during  the  freuning  bits  (CH12  digit  DF) 

DF=D6 

base  frequency  576kHz 

FIGURE  A.«.-  TV  660*6:  f,A.amz  confilguKatlon. 
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CIUNNEL  N 


Dl  is  the  most  nianif leant  bit  (sign  bit)*Dl  signal  is  high 
during  digit  Dl. 

D7  is  the  least  significant  bit 

d8  is  the  signalling  bit  for  channels  1 to  23 
during  digit  D8. 

D9  is  the  signalling  bit  for  channel  24.  D9  signal  is  high  during 
digit  D9. 

For  channel  24  DS  is  the  framing  bit.  D8  signal  is  high  during  di 
qit  D8. 

CIIN  signal  (1  s N < 24)  is  high  during  interval  CHN  (1  < N < 24)  . 
FRl  is  high  during  the  frame  Bit  (channel  24  dig.  DF) . 


D7  signal  is  high  during  digit  D7 
D8  signal  is  high 


Basic  frequency  1.544  mHz 


FIGURE  A. 9.  - PI 'A  (jAame  configuration 
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A.2.2.  THE  FXPANnOR  FUNCTION 

This  expansion  from  compressed  to  linear  PCM  is  done  by 
one  board  T-6  and  contains  the  four  expansion  laws:  the  p-100, 
y-255  or  TD968,  A and  Tn660. 

A. 2. 2. 1.1.  CLOCKS. 

The  board  contains  four  different  clocks  which  vary 
according  to  the  expansion  laws. 

-8kHz  work  clock.  One  of  the  two  signals  according  to 
the  expansion  law. 

-8kHz,  output  register 

-14  impulses  at  1.5MHz 

-Repetition  at  8kHz 

-Fast  clock  at  1.5MHz 


8kHz  work  clock (N30) 


This  clock  is  used  to  create  two  other  signals,  one 
identical  but  delayed,  the  other  an  impulse  on  the  trailing 
edge  generated  by  the  set-up  (Figure  A4 , A5)  : these 
exist  for  all  the  laws  except  for  the  impulse  which  is  blocked 

in  law  TD660  (4) . 


Fast  clock  (N22  - N23)  -CF 

CF  and  the  8kHz  are  synchronous  but  their  phase  is  ill 
defined.  The  situation  where  a CF  trailing  edge  occurs  too  soon 
after  (or  at  the  same  time  as)  an  identical  8kHz  edge  must.be 

avoided. 

For  this  reason,  the  D flip-flop  is  reset  to  zero  (pre- 
ceding "c"  impulse  on  its  reset)  at  each  trailing  edge  of  the 
8kHz.  The  first  CF  impulse  cannot  therefore  be  switched  to  the 
work  register  since  Q=l.  Q will  however  become  equal  to  1,  opera- 
ting the  switch  and  blocking  it  in  this  position  for  the  rest  of 
the  8kHz  period. 

In  law  TD660  (4) , the  flip-flop  is  constantly  blocked 
at  zero  by  its  reset  in  order  to  avoid  sending  the  fast  clock 
into  the  work  register. 


Output  clock  -Ml  and  CSI 

Ml  serves  to  load  the  output  register  in  parallel  and 
CSI  (14  impulses)  to  unload  it  in  series. 
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It  is  auppliod  by  + 5V  and  - 9V  sources.  The  latter  is 
oroatod  from  tlio  - 15V  by  a Zener  diode  (CRl)  . CR2  which  has  a 
larqor  power  capacity  conducts  only  when  CRl  is  short  circuited, 
thus  protecting  the  memory  until  the  breakdown  of  CRl  (open  cir- 
cuit) . A voltage  higher  than  - 9V  would  not  damage  the  memory 
but  could  change  its  contents. 


Law  MlOO  uses  addresses  0 to  63,  law  TD660  addresses  80  to 
The  remaining  memory  fan-out  is  1. 


In  laws  M255  and  A the  signal  comes  directly  from  inputs 
F,4-E5  and  E6 . In  law  MlOO,  3,  it  comes  from  outputs  D4-D3-D2  of 
memory  (N2) . 


Loading 


At  the  time  of  the  trailing  edge  of  the  8kHz,  the  impulse 
"C"  discussed  in  A. 2. 2. 1.1.  lets  the  signal  pass  on  the  "set"  and 
"reset"  of  the  flip  flop.  The  signal  must  be  available  before 
the  impulse.  Two  cases  are  possible:  the  signal  is  1 or  0. 

Thus  Q = 0;  Thus  Q = 1. 


In  the  case  where  the  signal  is  1,  so  must  be  preponderant, 
For  this,  the  impulse  "C"  must  be  longer  than  the  transition  ti- 
me A of  a gate. 


Decountinc 


It  is  performed  as  long  as  one  of  the  3 most  significant 
bits  is  1 in  law  M255  (1) , or  as  long  as  one  of  the  2 most  signi- 
ficant bits  is  1 in  laws  A (2)  and  MlOO  (3) . 


Each  decounting  impulse  is  sent  to  the  work  register  serial 
dock.  In  laws  A and  MlOO,  a supplementary  shift  impulse  is  sent 
into  the  work  register  before  the  decounter  begins  to  function. 


For  each  work  register  positim  it  is  necessary  that: 


CASE;  M255:  1 for  8 bits,  0 for  7 bits  ImT] 

A : 0 

MlOO:  0 

TD660:  E4 


CASE  2 


M255;  EO  for  8 bits, 10  for  7 bits, 
A:  E? 

MlOO:  D8 

TD660:  1st  segment  (E4=l):  ^ 

2nd  segment  (E4=0) : 0 


CASE  3 


M255:  El 
A:  El 
MlOO;  D7 
TD660: 


1st  segment  (E4=l) : El 
2nd  segment  (E4=0) : 1 


CASES  4 and  5 


A and  M255;  E2  for  position  4,  eT  for  position  5 

MlOO;  D6  for  position  4,  D5  for  position  5 

TD660;  E2  for  position  4,  E3  for  position  5 

D8  for  position  4,  D7  for  position  5 


1st  segment 
2nd  segment 


CASE  6 


A;  ET+E5+E6 
M255;  1 
MlOO;  D2+D3+D4 
TD660:  0 for  1st  segment 

D6  for  2nd  segment 


CASES  7, 8, 9 >10 

M255;  0 
A;  0 

MlOO;  0 

TD660;  0 1st  segment 

D5,  D4,  D3,  D2,  2nd  segment. 

A.?.7.1.fi  WORK  RFfilSTER  f 

It  is  loaded  in  parallel  by  the  8kHz.  The  data  must  be 
input  into  the  set-up  at  least  l.Sps  before  this  loading  because 
of  the  memory  response  time. 

A. 2. 2. 1.7  OUTPUT  REGISTER 

Its  in-parallel  loading  clock  must  lay  by  at  least  lOys 
that  of  the  preceding  register.  The  14  serial  unloading  impulses 
(CSl)  must  not  occur  less  than  50ns  after  the  Ml  trailing  edge. 
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A. 2.3.  THE  COMMON  LINEAR  PCH  TO  DISITAL  DELTA  FUNCTlOlj 

This  part  is  composed  of  three  boards  T-7,  T-8  and  T-9; 
its  main  function  is  to  provide  the  linear  PCM  information  at  the 
correct  delta  rate  at  the  digital  delta  input  part.  It  is  a rate 
converter  from  8kHz  to  delta  rate  16,  19.2,  32  or  38.4kHz. 

It  contains: 

- a 64kHz  counter,  a digital  sign  adjuster, 

- a linear  interpolator  and  a delta  counter, 

- a second  order  digital  filter  at  64kHz. 


This  board  is  composed  of  the  interpolator  input  gates 
control  and  of  the  64kHz  counter. 

The  expanded  word  coming  out  of  the  expander  board  by 
means  of  CSl  (N32,  N26)  passes  directly  through  gate  NIO  in  case 
of  the  A and  MlOO  laws.  For  the  M255  law,  16.5  is  substracted 
from  it,  by  means  of  registers  N3  and  N4  and  adder  Nl,  and  in  case 
of  TD660,  it  is  be  multiplied  by  12.1875.  In  fact  it  is  multi- 
plied by  12.1875/16  (i.e.24)  (adders  N2,  N15,  N15,  BR8,  N9)  and  then 
multiplied  by  16,  four  shifts  (N24)  being  eliminated  from  CSl 
(N24,  N25) . 

Then  the  sign  of  the  binary  word,  SI,  permits  to  reco- 
ver the  full  sine  wave  (2's  complement:  circuits  N13,  N27,  N5) 

before  entering  the  linear  interpolator  I. 

The  clocks  and  timing  signals  necessary  for  the  inter- 
polator and  2nd  order  filter  are  generated  on  this  board  by  the 
64kHz  counter.  This  serial  counter  (N17,  N18,  N19,  N20,  N21)  is 
reset  by  the  M2  impulse  created  on  each  negative  edge  of  the  64kHz 
clock.  It  is  filled  with  one  ("1")  by  means  of  a fast  clock  CFi 
which  stops  (N23)  on  the  value  20  of  the  counter  (Nil) . 

The  two  frequencies  8kHz  and  64kHz  are  perfectly  in  pha- 
se. Mj^  is  the  impulse  created  on  the  negative  edge  of  the  8kHz 
frequency  (N5) . V is  a variable  in  the  "1"  state  during  the  first 
period  at  64kHz  between  two  successive  impulses  Mj^. 

CSl,  CS2,  CS3,  CS4  are  serial  clocks  necessary  for  the 
interpolator;  CS5  is  the  serial  clock  of  the  2nd  filter  (N24,  N25, 
Nil,  N27,  N32) . CSl  is  a test  point  to  visualize  the  interpola- 
tor output  (N25,  N34) . 

For  more  details,  see  the  timing  diagram  Figure  A. 14. 
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ROARD  T-8i  I infar  INTERPOI ATQR  AND  DELTA  CQUNI£R 

This  board  is  composed  of  the  linear  interpolator  and  of 
the  delta  counter.  Two  phases  have  tb  be  considered  for  the  in- 
terpolator computing. 


When  variable  V is  equal  to  1: 
Xn  4-  1 i*’  input  into  shift  register  SR2 


the  incoming  bit  stream 
(N2,N3,N4,N4)while 


So^difference  Xn  t 1 - is  ‘^o^P'^^ed  through  the  adder  N14(6,7) 
and  divided  by  eight (8)  when  entering  the  ^^ift  register  SRi  (N16 , 
N17,N18,N19)  by  means  of  CS4  + 3.  Xn»  previously  in  SR2, 
shifted  in  SK4  (N9 »N10 ,N11 »N12) 

^ = Xn+1  -Xn 

8 8 

When  variable  V is  equal  to  0:  gates  21,20,6 

« < a Ml  A Xfl  SR 


ted  so  that 


by  means 
be  ready  for  the 


hen  variaoie  v la  e4uax  «.  -a-.,. — rT'  cda 

at  Xn  + A is  computed  through  adder  Nl4  and  placed 
of  CS4.  o A is  shifted  from  SR3  output  to  SR3  input  to 
4-hA  I next  step  computing  (x..+A>+A  = X„  . o . A 


next  step  computing  (Xn+4)+^  = ><n  + 2 . (|) 

And  so,  up  to  + 7 (4)  , X„  + 1 the  next  step,  is  sUll 


in  shift  reejister  SR2. 

Gate  N35  feeds  the  2nd  order  filter  with  the  se- 
quential outputs  of  the  interpolator. 

The  "A”  Counter  is  based  on  the  same  principle  as  the 
counter.  It  impul^  n*«Ued"ttaougr"*' 

shift*'roqi3to?s  N22,N23,N24,N25,N26,N27,N28  and 

on  tL>  decoded  value  25  (N15) . Every  % has  the  value  0 up  to 
?!le  value  x of  the  counter  and  then  ”1"  up  to  the  reset  of  the 

counter. 

A .9. 3. 3.  BOARD  T-q.  second-order  FILTER  AT 

This  board  is  composed  of  the  second-order  filter  at  64kHz 
and  of  the  holder,  a buffer  permitting  to  change  the  sampling 
frequency  from  64kHz  to  any  delta  frequency. 

The  second-order  filter  is  composed  of  two  registers  SR6 
(N2  N3  N4,N5,N6)  and  SR5  (N9 ,N10 ,Nll ,N12 ,N13) , the  principal 

SefN2P(BR34)  receiving  the  interpolator  output.  The  outputs 

o.i(N13)  Ql(N6)  are  gated  (N14,N21)  to  adder  (BR31) , an  ^2^  _ ' 

Ml  T (N14  N21)  to  adder  N32  (BR31)  to  realize  the 

Q0(N13)  are  gated  (N14,B2i)  tq  ao  g ^ oj  adders  N1  and  N32 

feedback  coefficient  or  tne  riitei.  /mo7^  Th#» 

feed  adder  N33  (BR34)  which  enters  the  principal  adder  (N27)  . The 

sign  bits  of  SR5,  SR6  are  stored  on  M2  m D flip  flop  N8. 

on  each  negative  edge  of  the  delta  frequency  a pulse 

MA  is  created  (N29,  Ri,Ci)  and  the  binary  word  ' 

N16,N17,N18,N19)  must  be  transfered  in  parallel  in  the  shift 
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register  SR7  (N20,  N23,  N24,  N25,  N26) . SR7  is  the  input  of  any  digital  delta 
CVSD;  to  enter  the  right  length  binary  word  at  the  right  tine,  four 

serial  clocks  are  gated  (N22,  N21) . 


On  each  negative  edge  of  the  64kHz,  the  binary  word  ocrpated  in  the 
second  order  filter  must  be  transfered  in  the  buffer.  As  there  is  no  phase  or 
frequency  relation  between  64K  and  Fa,  a system  creates  2 clocks,  very 

64K  cind  Fa,  which  prevents  negative  edges  frcm  being  synchronous  within 
20  ns  (N29,  R2,  C2,  N35,  N15,  N14,  C4) . 


A241 

The  digital  delta  coder  function 
General  description 


The  digital  CVSD  system  at- 
4 n composed  of 


A low^pass  first-order  filter 
with  a shift  register  of— 


A feed  back  loop  A composed  of- 
an  identity  detector  compa- 
ring three  successive  A bits 
and  driving  the  input  of  a 
syllabic  filter 

with  a shift  register  of 

proceeded  by  an  adding  with 

a shift  register  of 

and  followed  by  an  adding 
with  a shift  register  of — 
a multiplier  by  *1  giving 
the  algebric  increase 
which  is  then  summed  in  an 
integrator  with  a shift  re- 
gister of — - — 


The  low-pass  filter,  the  sylla- 
bic filter  and  the  integrator 
are  three  first-order  filters 
the  loop  coefficients  are  rea- 
lized respectively  by 


16kHz 

19.2kHz 

32kHz 

38.4kHz 

16kHz 

19.2kHz 

32kHz 

38.4kHz 

12bits 

16bits 

16bits 

18bits 

12bits 

16bits 

16bits 

18bits 

4bits 

8bits 

4bits 

4bits 

4bits 

8bits 

8bits 

8bits 

14bits 

17bits 

I7bits 

22bits 

,1, serial 

ders 

1,2, 3, serial 
adders 

0,3,2 

serial 

adders 

1,2,2 

serial 

adders 

The  different  clocks  driving 
the  registers  come  from 

the  same  fast  clock,  for 
every  register  the  sign  is 
made  in  memory  to  be  sent  by 
a control  gate  so  that  the 
serial  calculation  is  well  de- 
fined until  the  last  serial  shift 
In  the  case  of  the  syllabic 
filter  the  sign  memory  does 
not  exist,  because  the  sign 
stays  plus. 


The  digital  delta  codec  function 
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Addin'!  register  at  syllabic 

filter  output 

with  adder---- 


8 BR15 


24,17,11 


Multiplier  by  - li 


18  BR25 
19,  27,  28 
Qj(28)  0^(27) 

26  BK25,  18 


16 

23,  DR9 

29,  24  and  BR15 
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Cloi.  kn--  ' 
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Digital  CVSD  at  16KHz. 
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Boards  T12,T1^LT1G 
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25  BR39  14  DR5  Bet 

ond  reset 

2C,11,12,  1,2, 3, 4 

13,14 

26  6 
03(14)  ,03(13)  0j(4)  QjH) 


1 m<2  set 
ond  reset 
3 , 4 , 5 , 6 , 7 , 

21 

2 

Oo(7),  03(6) 


27  RR41 


19  BR18 


03(13)03(12)  02(2),  0(7)  0(21),  S(19) 


40  I3R41 


15  BRIO 


10  DR18 
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Boards  T12,T14,T16. 


The  eVSD  decoder  is  built  on  the  same  board  as  the  CVSD 
coder  as  it  was  mentioned  in  Section  A.  1.1. 
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TROUBLE  SHOOTING  CHART 

This  appendix  will  help  the  user  to  detect  when  and 
where  the  system  is  in  trouble,  to  find  out  which  board  or 
part  of  the  board  is  defective. 

m PCM  A_ 

The  main  trouble  is  when  you  hear  nothing 
in  the  CVSD  decoder  output.  First  enter  a test  tone  (400Hz)  into 
the  PCM  coder  and  follow  the  procedure; 

1)  Check  of  the  analog  CVSD  demodulator  (board  B22) . 

Put  the  analog  CVSD  back  to  back  entering  a test 
tone  in  the  coder  (BNC;  AUDIO  IN  front  panel) . Make 
sure  that  the  coder  is  working  (SRM)  and  look  at  the 
demodulator  output  (SRDM)  before  the  filtered  output 
(BNC;  AUDIO/OUT  front  panel). 

2)  Check  of  the  digital  CVSD  decoders 

Change  the  frequency  pushbuttons  on  front  panel. 

A)  If  the  system  is  in  trouble  for  only  one  of  these 

frequencies,  the  corresponding  digital  coder  d^s 
not  work.  To  check  it  refer  to  the  board  descrip- 
tion, the  use  of  the  serial  D/A  converter  (Figure 
D.l)  and  to  Table  D.l* 

B)  If  the  system  is  in  trouble  for  all  ' 

the  delta  counter  must  be  checked  (T8  and  MA  ge- 
neration) . If  it  works  the  digital  CVSD  coders 
should  work;  follow  the  procedure  (3). 
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0j(J8) 

Cj(2B) 


19,2kHt 


)2klll  j 


•Ino  wave 


DC  function  of  test  tone  amplitude  and 
frequency 


Integrator 


Sut 

Clock  Cj<34)  CS21  CSll  CS16 

Impulse  MA  MA 

Constructed  sine  wave  (saw  tooth) 


TABLE  P.I.-  TKoabU  shooting  Table  IPCM-&] 
using  the  llrUl’o/A'ctnverter  ln1T£oiiOTin“Tlble  o'. 2. 


TABLE  V.2.~  Trouble  ■ihootlng  Table  (PCM->A) 


4)  CHECK  OF  BOARD  T4 , T3 , Tl. 

.0  chi.'ck  lor  PCM  liitH  on  lead  PCM3R,  check  for  clock 
on  load  D<ii2U  if  no  fiifjnal,  see  the  transmitting 
channel  bank  used. 

b)  follow  the  trouble  shooting  table,  proceed  step 
by  step.  See  the  circuit  desciption  for  "Trouble" 
use  an  oscilloscope  or  a frequency  meter  for 
checking  the  signal. 


luiAun 

PIN  cn!(’i;)'n 

OUTPUT  Sir.NAL 

IF  NO  KICNA),:;:  TKOUBhE 

Tl 

768K11Z  square  wave 

circuits  32  or  19 

Tl 

PCM 

I‘CM  bits  imilti|)lcxoil 

circuits  33,  26  or  20 

IK 

-di 

in  ami;  I.K.'IT  M'AY  on  (fiic.t  check  the  switch  on  front  imnal) 
iicuimcrl  li  .111  CO  from  riii  Kit  ho.trti  T4 

-roniH'ct  1' u;  IIM  hmird  T3  to  fjroumU 
f i 

T i 

Ml 

/(jRkli/  r;(|uin  waw 

circuit  0)  or  32 

T 1 

c::/ 

1 . )ici  I'lil  sc  cvci  y 

H |H't  1 II.  M:  III  l>t 

i.ile  'Ji.kllz 

(It'll  1 counter 

T 1 

CilN  (11 

cm  lu  cm:' 
rj 

10. 4 11*1  inilflo  every 
12  i.criKil-'.  cl  ( M2 

r<ilc  mill’. 

ch.sniie]  counter 

T3 

125p»  pul  Me  ov4*ry 
12  CTt]  period 
rflte  666MS 

frfime  counter 
(circuits  36,42) 

•n 

Cl'l  tir 

CF2 

64K 

l.'jKillU  clock 
64KI1Z  clock 

phase  lock  loop 
oscillator  adjust  PI 
to  obtain  OK  synchro- 
nus  of  CHS. 

T4 

ci  rciiit 
40  |ii;i  Oj 

you  must  see  the 
pattern  OOOOOllOllOl 

RBC2  circuit  38,39  or  40 
or  2 

IJir.COMKKCT  lll'Ti  r ropi  <|iound 
CONNI  CT  CO  from  i:i’.T4  linT3 

T4 

i i 1 i.Mi  i 1 

.30  I'iii  (1 

pulses  at  1)^-  rale 

circuit  36,30,24,30,  or 
42. 

If  frame  light  stays  on  after  followirg  this  table, 
the  correlator  (circuit  31,  41,  34,  33,  32)  or  the  comparator 
(circuit  3 Board  T4)  are  in  trouble  and  must  be  checked. 

TABLE  V.5.-  Txouble.  shooting  Table  (PCM-*-A) 


/ 
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C)  frame  light  r\ever  goes  on  when  switching  the  power 
supplies.  Check  the  bulb  light  and  circuit  35  board 

T4. 


D)  check  on  board  Tl.  use  test  circuit  1 or  2 in  Figure 
D2, follow  Table  D.4  step  by  step. 


CHECK 

CIRCUIT 

i’IN 

CIII'.CKKD 

OUTPUTS  SICMALS 

IF  NO  SIGNALS 

1 

J 1 circuit  20 

flino  wave 

circuit  20 

1 

8 t-iiculL  34 

rectified  sine  wave 

circuit  34 

CIIN 

hi<jh  during  channel 
N chosen 

board  T4  and  T3 

Cl  circuit  30 

group  of  7 pulses  at 
D4  rate  when  CHN  is 
high 

circuit  21(41,40,28 

2 

Ej,  I'j 

E^,  Ej 
Er  Ej,  Eq 

compressed  rectified 
sine  wave 

circuit  30  and/or  31 

TABLE  V.4.-  TKoubtz  ihootlng  Tabtz  (PCM-+-A) 


D.2.  ^-PXIL 

The  main  trouble  is  when  you  hear  nothing  (or  noise)  in 
the  PCM  receiving  channel.  Before  following  the  procedure,  make 
sure  the  PCM  back  to  back  is  working.  Then,  put  a test  tone 
(400Hz)  in  the  CVSD  coder  (BNC:AUDIOIN  front  panel). 


1)  Be  sure  the  analog  CVSD  coder  is  working:  look 

the  reconstructed  sine  wave  on  the  oscilloscope  (SRM, 
B22)  . 


2)  Check  of  the  digital  CVSD  decoders.  Change  the  fre- 
quency pushbuttons  on  front  panel, 

a)  If  the  system  is  in  trouble  for  only  one  of  these 
frequencies,  the  corresponding  digital  decoder 
(3  boards)  does  not  work.  To  check  these  three 
boards  refer  to  the  board  description,  the  use 
of  the  serial  D/A  converter  and 
Table  D.5. 


b)  If  the  system  is  in  trouble  for  any  frequencies, 
the  delta  counter  must  be  checked  (B9  and  MA  gene 
ration) . It  it  works  the  digital  CVSD  decoders 
should  work,  follow  the  procedure  (3). 


/ 


199 


Digital  CVSD  docodari 

16K 

19. 2K 

32K 

3B.4K 

board 

DIO 

nil 

ni6 

B19 

digit 

input 

SF141 

03(20) 

SP132 

SF104 

Intagrator 

clock 

CS143 

CS113 

C.S133 

csios 

Impulac 

MA 

MA 

MAA  ■ 

MAA 

output 

roconst 

ructcd  si 

ne  wave  ( 

sawtooth) 

Filter  tirat 

ataga 

board 

Dll 

D14 

D17 

B20 

digit 

input 

SP14S 

03(35) 

SF134 

CF106 

clock 

CS145 

CS115 

CS134 

CS106 

impulae 

M& 

MA 

MAB 

MAA 

output 

reconatructed 

aine  wave 

(rounded) 

Filtar  aecond 
atago 

board 

B12 

BIS 

BIB 

B21 

digit 

input 

SF147 

0,(33) 

SF136 

SFIOB 

clock 

CS147 

C,(33) 

CS136 

CSlOB 

impulse 

HA 

HA 

MAA 

MAA 

Output 

filtarod  sine  wave  | 

TABLE  iJ.5.-  TKoabte.  shooting  Tabtz  (A-^PCM) 


3)  Each  board  must  be  checked, 

the  serial  D/A  converter  and  following  Table  D.b. 


using 


Dic.iTAi.  cv.‘<i)  i)i:con);RS 

16K 

L9.2K 

32K 

38. 4K 

*■ 

Board 

BIO 

313 

Die 

B19 

Digit 

SF143 

3,(20 

SF132 

SF104 

input 

Integrator 

Clock 

C5143 

CS113 

CS133 

CS104 

Impulse 

nt  • 

MA 

MAA 

HAA 

Output 

Reconstructed 

sine  wav 

e (saw  tooth) 

Board 

Bll 

«14 

“l7 

“20 

Digit 

SF145 

0,(35) 

SF134 

sFioe 

Filter  first 

Input 

atage 

Clock 

CS145 

CS115 

CS134 

csioe 

Impulse 

MA 

MA 

MAD 

MAA 

Output 

Reconstructed 

sine  wa> 

,e  (rounded) 

Board 

®12 

“is 

“18 

“21 

Filter  second 

Digit 

Input 

SF147 

0,(33) 

.SF136 

SFIOB 

atage 

Clock 

CS147 

Cj(33) 

CS136 

CSlOB 

Impulse 

MA 

MA 

MAA 

MAA 

Output 

Filtered  sine 

wave 

Table  V.6.-  TAouble  ihootlng  (a-»-PCM). 
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4)  chock  of  the  interfaces  (boards  B.l,  B3,  B4)  and  compressor 
( H ) • 

‘0  Chock  for  PCM  bits  on  board  Bl,  (PCM3T0UT)  during  channel  N 
used; If  there  are  no  bits,  follow  the  check  procedure  with 
Table  D.7.  See  descriptions  for  explanation  of  trouble. 

b)  Follow  Table  D.8  and  use  test  circuit  2 in  Figure  D.2. 


lUIAKII 

I'IN  ClltCKII) 

OUTPUT 

TROUBLE 

U4 

D+ 

768kHr  square  wave 

Circuits  1 and/or  11 

B4 

CS2 

1 . 3us  pulse  every  (! 
periods  of  Dt,  rate  96kHz 

Dlqlt  counter 

B4 

CHN  or 
CHI  to  CH12 

10.4i;S  pulse  every  12 
periods  of  cr2,  rate  8kHz 

Channel  counter 

04 

F3 

125us  pulse  every  12 
periods  of  CHI , rate 
666Hz 

Frame  counter 

04 

[ 

CM  or  CF2 
S4K 

1.536MHz  clock 
64kHz  clock 

Phase  lock  loop  oscil- 
lator, adjust  PI  to 
obtain  BK  synchronus 
of  CHS 

TABlf  V.1.~  ]b(ouhfe  shooting  Table  (a-<-PCM). 


ItOAlll) 

j 

II  SI 

J l l Hi  III  I 

PIN  CHICKED 

OUTPUT 

trouble 

Its 

' 2 

PADO  to  PAD6 

Rectified  sine 
wave 

Compressor  board 

113 

f 

1 1 

f . - 

DQ3 

Rectified  sine 
wave 

Check  board  83 
separatively 

81 

1 Pin  9 circuit 

f 3-1° 

1 sine  viave 

Circuit  10  or  25  or  40 

81 

k.- 

/ 

Circuit  5 pin  13 

Check  for  the 
psttern  111110010010 

Circuits  3,  4 and/or  5 
Circuit  24  and/or  25 

81 

1 

- 

/ 

• 

Circuit  25  pin  3 



Pattern  000001101101 
during  negative 
pulse  duration  of 
circuit  26  pin  7 

24,  25  or  26  ^ 

81 

■ '4 

PCM3T0UT 

1 

• 

— 

Complete  frame  by 
connecting  sigle 
from  0 to  1.  signal-  ' 
1 ing  bits  must  i 

change  ; 

Circuit  composed  of  i 

Qy.  Qg.  Qg  and 

1 

81 

1 

1 

1 

0*3T0UT 

768kHz  square  wave 
at  TD968  levels 

Circuit  composed  of 

^1 1 » ^12’  *^13 

Qi4 

Table  V.S.-  Trouble  Ahoot^ng  Table  (a-*PCM). 
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APPENDIX  E 
POWER  SUPPLIES 


The  TTL  circuits  require  a 5V,  30  cunp  power  supply  and 
the  analog  components,  the  operational  amplifiers,  the  ROM  re- 
quire a +15  and  a -15  volt  power  supply. 

Lambda  regulated  power  supply  model  LXS-EE-5-OV  and  a 
TS-CA- 15-15  were  chosen. 


Specifications; 


Voltage 

volts 

Max  current 
to  40OC 

AC  input 

LXS-EE-5-OV 

5 + 5% 

negative 

ground 

45A 

115V  60Hz 

LTS-CA-15-15 

+15+1% 

4A 

115V  60Hz 

The  power  supplies  are  mounted  in  Lambda  19  rack  LRA- 
11.  A 5 amp  fuse  is  provided  on  the  front  panel  of  the  rack. 


Remote  sensing  connections  are  made  (LXS-EE-5-OV)  to 
prevent  cable  drop.  A 6 foot  cable  with  connectors  is  furnished. 


■? 

ij 

! 


% 
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APPENDIX  F 

TD660  COMPRESSION  LAW 

V OUT|(PCM  Level,) 


The  linear  maximum  value  of  the  expansor  output  is  336 
for  TD660  expansion  law.  For  MlOO  law,  this  maximum  is  4096  and 
the  common  part  of  the  DDMC  is  working  with  such  a gain.  So, 
one  must  multiply  the  expansor  output,  when  in  TD660  law  and  in 
PCM  to  delta  conversion,  by  4096 

— = 12.19. 

336 

Reciprocally,  when  in  delta  to  PCM  conversion,  one  must  divide 
the  input  of  the  compressor  by  12.19  in  this  law  (12.185  is  the 
binary  truncated  value  of  12.19). 


APPENDIX  G 

DIRECT  DIGITAL  FREQUENCY  CONVERTER  (DDFC) 


This  appendix  presents  a method  for  digitally  con- 
verting a coded  signal  flowing  at  a predetermined  rate  into  ano- 
ther coded  signal  flowing  at  another  predetermined  rate. 


More  particularly,  the  present  method  permits  the 
linkage  of  a CVSD  (Continuous  variable  slope  delta  modulator)  to 
another  CVSD  system,  the  two  operating  at  different  sampling 
rates . 


The  sampling  rates  are  16,  32  and  38.4KHz.  This  inter- 
facing is  achieved  through  the  use  of  a direct  digital  frequency 
convertor  hereinafter  designated  as  a DDFC.  The  computer  simula- 
tions presented  herein  were  done  on  a IBM  370/145. 


61.  INTRODUCTION 


The  objective  of  the  present  appendix  is  to  present  the 
results  of  a feasibility  study  on  a Vifittt  di.Qi.ta.t  FAe.que.ncy 
Conveite^,  hereafter  referred  to  as  DDFC. 

Direct  Digital  Frequency  Conversion  is  defined  as  conver- 
sion from  one  form  of  digitized  voice  signal  et  one  rate  to  the 
same  form  of  digitized  voice  signal  at  another  rate  without  re- 
construction of  the  original  analog  voice  signal.  In  this  study, 
we  will  limit  ourselves  to  one  type  of  numerical  format  for 
voice;  delta  .modulation,  more  specially  Continuous  VaAiable  Slope 
Velta  Modulation  (CVSD) . 

The  scope  of  this  work  is  to  determine  by  computer  simu- 
lation the  feasibility  of  a single  CVSD-CVSD  DDFC. 

The  first  part  of  this  report  deals  with  the  conyersion 
principle  through  the  General  method  of  digital  conversion. 

The  second  chapter  presents  the  computer  simulation  model 
of  the  DDFC  as  well  as  the  computed  results. 

A conclusion  finally  closes  the  study. 
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.ILL  viT'mL. 


pwUFRRinH  PRINCIPLE 


SgNERAI  rnW''’=BTFR  MODEL 


TO  interface  between  two  different  ' *5! 

converter  has  to  realise  a code  conversion  and  a sarvpling  rate 

conversion  (Figure  2.1) • 

Of  a fir^srgSSf  in°tl  “tSHI^^Inrthel^anlifnf 

“gnll°and  co”«?f ?tfS^riS?o  an  in- 

Se  f?«t  coI^  convMsiiA  Snit  for  converting  the  rate  of  the 

TeronT^ircir  JirunK^^^  Si- 

gnal and  converts  its  code  into  the  second  signal  code^ 


FIRST 

CODE 


uS 

n 

u _ INTEWtEOlAtE 
^ CODE 


z 

uo 

Ui 

* ^ 
\h 

1 V 


IDTERMEDIATB 

CODE 


§ 

M 

ifi 

u oc 
o u 

n 

u 


SECOND 

CODE 


< 


FIRST  CODE 
SAMPLING 
RATE 


>'< 


SECOND  CODE 
SAMPLING 
RATE 





FIGURE  2. I.”  GznzKat  Hzthod  o<  Digital  ConvzK&lon. 


T^FIT/^  MnniitATlON  Tf)  nn  TA  MODULATION  CONVERTER 
Figure  2.2  shows  the  general  model  of  a delta  to  delta 

DDFC. 

The  first  code  conversion  unit,  when  receiving  a delta 

rate  conversion  intermediate  code  at  the  second  delta 

SS^iiSg  rate 'will  then  be  converted  into  the  second  delta  code 
through  the  second  rate  conversion  unit. 
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Code  Rate  Code 

converaion  conversion  conversion 


Intermediate 

sampling 

Sampling  rate  rate  Sampling  rate 


FIGURE  2.2.-  Gtmual  method  dztta  to  dtlta.  VVFC. 

G2.5.  GENERAL  MODELS 

The  delta  to  Intermediate  code  (linear  PCM)  and  linear 
PCM  to  delta  converters  are  completely  digital.  They  work  with 
sampled  signals  expressed  in  binary  form.  Therefore  once  per 
sampling  period  each  block  in  the  follov;ing  diagrams  receives  a 
binary  number  representing  the  input  value  and  uses  it  to  compu- 
te the  output  value  which  is  also  a binary  number. 

(i2.3.1.  DELTA  TO  LINEAR  PCfl  CONVERSION 

Figure  2.3  shows  the  general  model  of  a delta  to  linear 
PCM  converter.  The  code  conversion  is  made  by  the  gain  control 
circuit  and  a digital  integrator. 


FIGURE  2.I.-  Gzmfial  modzt  0j(  a dzita  to  linzan.  PCM  convzA.tzfi. 


The  intermediate  code  represents  the  amplitude  of  the 
transmitted  signal.  To  reconstruct  at  delta  sampling  time  this 
amplitude,  the  incoming  delta  sequence  is  first  fed  into  the 
gain  contnot  circuit  which  determines  the  delta  step  size.  This 
gain  control  circuit  is  a logic  circuit  which  utilizes  an  algo- 
rithm similar  to  the  algorithm  of  the  delta  modulator.  Using  the 
delta  sequence,  it  generates  once  per  A period  a binary  word 
which  represents  the  value  of  the  delta  step  at  this  instant.  The 
digital  intzg^aton.  is  another  logic  circuit  which  determines  the 
amplitude  of  the  transmitted  signal  by  adding  the  delta  step 
values.  It  is  a digital  addition  and  the  output  is  a binary  word; 
the  intermediate  code  word. 
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The  digital  iUtZK  is  a logic  circuit 

the  digital  version  of  “Jav^as^a^continuous^f  would 

termediate  code)  rn  the  same  ^ signal  ^represented  by 

transform  ^^®  a loJ-pass  filter^  (cut-off  frequency 

an  analog  voltage).  It  is  a ^ a4-t#»nuate  high  frequency  com- 
around  3.SkHzl  whose  purpose  is  o£  the  filter 

ponents  of  the  ^““““"SorfrSAlchr^r^ents  the  trans- 

i^t?irSi*,nirr.SS?heI  l,  low-pass  characteristic. 


y I INEAR  PfiH  in  DEITA  CONVERSlOli 

The  general  nodel  of  a linear  PCM  to  delta  converter  is 
shown  in  Figure  2.4. 


FIGURE  I. 4.-  Geaetaf  «odU  d a finent  PCM  to  A convetfet. 
The  compatatot  and  the  gain  conttot  t-Cttultmd  ^ 
diettat  aa^uSrti^"  tte”iitermediate  code 

SSiriffo:^a«d*rc'’the  bina^  word  is 

loop  (gain  control  oi  the  comparison  (positive  or 

produced  depending  ™ ' Jit  L avail^le  for  transndssion 

“inrairole  ’in  ^f^gtoK  1^^^^^ 

TaiSe'of  '^«StL“i?s4iri!‘ihr9n  control  and  the  in- 
Ieg?ltor  Lve  been  described  in  Section  G.2.3.1. 

Tl  ?,?i'^i  P4fP  cnWVERTER 

The  rate  conversion  from  de 


sa:^li^%e?rirrnl^rinte;pri;i«^^  Sigiial  filters. 
Figure  2.5  illustrates  the  rate  converter. 


LINEAK 


FIGURE  2.5.-  Ra-te  convzKtzfi. 

2ii 


The  linear  PCM  signal  at  delta  rate  is  first  held  and 
sampled  at  64kHz.  This  signal  at  64kHz  is  then'*' filtered  by  a low- 
pass  digital  filter  (cut-off  frequency  5kHz) . This  information 
passes  through  a second  holder  prior  to  being  sampled  at  delta 
rate  Fj  and  low-pass  filtered  digitally.  The  output  of  this  last 
digital  filter  is  a linear  PCM  signal  at  delta  rate  F2> 


studies  were  performed  on  an  IBM  370/145  conputer. 

A 750Hz  test  tone  with  a 40db  dynamic  range  was  used  as  input 
signal  to  the  computer  model* S/N  ratios  are  obtained  from  the 
fast  Fourier  transform  (F.F.T) . 


Figure  3.1  shows  the  block  diagram  of  the  overall  system 
simulated  on  the  computer.  It  represents  the  delta  coder  at  F^ 
rate^  the  DDFC  unit  and  the  delta  decoder  at  F2  rate. 

In  Figure  3.2  and  in  the  following  the  DDFC  is  represen- 
ted by  digital  filters  which  are  defined  by  their  Z-transfer 
functions.  Each  filter  is  represented  by  a box  which  contains  the 
function  with  the  proper  coefficient  values. 


CVSO  coder 


Intearitor  L — 
(antlogous)  ^ 


(.OM'pass 

digital 

filter 


Syllabic 

filter 


LOM-pass 

digital 

fIlUr 


- 

Lzi_l 

Digital 

Integrator 

Digital 

filter 


Analogous 

Integrator 


Syllabic  -<i) 
filter  T 


Output 
low-pass  - 
filter 


CVSO  decoder 


FIGURE  3.1.~  Vzlta-dztta  iyitzm  block  cUagAam. 
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FIGURE  3.4.-  38.4kHz  Cl/SV  to  WFC. 


First-order 

10H-P«SS 

filttr 


44.5 


FIGURE  3.5.-  WFC  to  16kHz  CUSP. 
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G3.2.  SI  Mill  ATI  ON  RESULTS 

Two  cases  were  considered  in  the  simulation; 

-the  first  delta  (transmitting)  sampling  rate  is 
lower  than  the  receiving  delta  sampling  rate  Fj 

-the  receiving  delta  saunpling  rate  F,  is  smaller  than 
the  transmitting  delta  sampling  rate  (Fj^>F2)  . 

G 3.2.1.  Fi  DELTA  RATE  SMALLER  THAN  F9  DELTA  RATE 

Let  F,  equal  16kHz  and  F«  be  32  or  38.4kHz.  Table  3.1 
shows  the  S/N  ^ratios  obtained  with  and  without  the  64kHz  rate 
converter  digital  filter. 


1 — S/N 

Amplitude 

(Volt) 

A 

B 

C 

D 

E 

0.03 

4.78 

7.28 

6.59 

8.99 

7.99 

0.10 

9.27 

11.29 

11.33 

14.22 

12.82 

0.30 

9.07 

12.66 

13. 

13.44 

13.77 

0.60 

11.14 

16.32 

17.01 

18.43 

18.25 

1.00 

12.89 

15.86 

16.20 

16.46 

15.85 

2.00 

13.97 

15.01 

15.16 

15.00 

15.13 

3.00 

14.08 

14.11 

14.41 

15.71 

14.75 

6.00 

13.77 

15.37 

15.26 

14.55 

14.36 

reference:  CVSD  codec  at  16kHz 

B.  FI  = 16K,  F2  = 32K,  with  64kHz  low-pass  filter 

C.  FI  = 16K.F2  = 32K,  without  64kHz  low-pass  filter 

D.  FI  = 16K,F2  = 38.4K  with  64kHz  low -pass  filter 

E.  FI  = 16K,F2  = 38. 4K  without  64  kHz  low— pass  filter 

TABLE  3.1.-  S/N  ^citlo6  ioK  Fj<p2' 
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CVSD  codac  rsfartnctt 
_o  DDK  Without  «4KH»  low  p«M  tutor 
■X  Dorc  with  64KHI  low  pooo  filtor 


3.9.-  S/N  o<  CVSP  16-CVSV  H.4  iyiUm. 
Figures  3.8  and  3.9  resume  Table  3.1. 


fi^.9.2,  Fl  nPiTA  RATE  BIGGER  THAM£?  DELTA  RAI£ 

Table  3.2  shows  the  S/N  ratios  obtained 
reference  being  the  32KHz  delta  coder-decoder  back  to  back. 
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S/N  1 

Ampli 

A 

B 

C 

D 

E 

0.03 

4.78 

4.78 

3.54 

4.60 

4.64 

0.10 

9.27 

7.96 

8.12 

8.10 

9.00 

0.30 

9.07 

10.28 

8.53 

8.83 

8.93 

0.60 

11.14 

11.92 

12.19 

12.25 

12.07 

1.00 

12.89 

13.28 

12.55 

13.16 

13.24 

2.00 

13.97 

13.94 

12.93 

13.52 

13.43 

3.00 

14.08 

15.25 

15.00 

14.43 

14.09 

6.00 

13.77 

14.15 

14.17 

13.54 

13.88 

A.  reference  CVSD  16kHz 

B.  FI  = 32kHz,  F2  = 16kHz  with  64kHz  low-pass  filter 

C.  FI  = 32kHz,  F2  = 16kHz  without  64kHz  low-pass  filter 

D.  FI  - 38.4kHz,  F2  16kHz  with  64kHz  low-pass  filter 

E.  FI  = 38.4kHz,  F2  - 16kHz  without  64kHz  low-pass  filter. 

TABLE  3.2.-  S/W  xatloi  ^oK 

Figures  3.10  and  3.11  resuxne  Table  3.2. 

63.3.  CONCLUSION 

It  has  been  shown  that  the  conversion  from  low  rate 
delta  (16kHz)  to  higher  rate  delta  (32  or  38.4kHz)  gives  a better 
S/N  ratio  at  the  output,  thus  improving  the  16kHz  delta  quality. 

In  the  reverse  direction  from  32  (or  38.4kHz)  to  16kHz 
the  quality  at  the  output  is  no  longer  that  of  the  32kHz  (or  38.4 
kHz)  delta  but  more  or  less  that  of  the  16kHz  delta. 


FA1>F&2 


CVSD  coder  reference 


p DDFC  with  64kllz  low  pass  filter 
X DDl'C  without  C4kllc  low  past  filter 


Ampli(dB) 


FIGURE  3.10 
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G U.  mNCLUSlQR. 


The  objective  aimed  at  in  this  appendix  on  a 
tat  ifitquzncy  c.on\)(LKtzn  from  delta  to  delta  was  to  estaolish  the 
feasibility  of  such  an  unit. 

Computer  simulation  proved  that  the  conversion  is  possi- 
ble, with  a quality  equal  to  or  better  than  the  worse  quality 
delta  involved  in  the  conversion  process. 

In  this  study  we  have  reported  results  on  a conversion 
system  for  two  CVSD  delta  codecs  at  sampling  rates  ^ 

38.4kHz  but  the  conception  of  the  DDFC  could  be  generalize  o 
different  kinds  of  delta  modulators  and  for  any  sampling  rate. 

This  DDFC  could  be  incorporated  in  the  DDMC,  most 
digital  functions  involved  in  the  DDFC  being  present  in  the  DDMC. 
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APPENDIX  H 

SIGNAL  REPRESENTATION  WITHIN  DDHC 


HI.  GENERAL  MODELS 


General  models  for  a A to  PCM  and  PCM  to  A DDMC  are 
shown  in  Figure  1.  They  are  valid  for  all  types  of  AM,  where  com- 
panding is  made  inside  the  loop. 
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PCM 


PCM^ 

PCM 

sampler 

expander 

at 

A rate 

comparator 
L_ 

digital 

gain 

Integra- 

tor 

control 

figuKt  1.  Conve.Kte.M , Gzmfial  Modzti, 


The  A to  PCM  and  PCM  to  A DDMC's  are  completely  digital. 
They  are  working  with  sampled  signals  expressed  in  binary  form. 
Therefore,  once  per  sampling  period, each  block  in  the  diagram 
receives  a binary  number  representing  the  input  value  and  uses 
it  to  compute  the  output  value  which  is  a binary  number  too. 


H2.  AM  TO  PCM 


The  incoming  A sequence  is  fed  into  the  gain  control 
circuit  to  determine  the  step  size  values.  Steps  are  added  in 
the  digital  integrator.  The  output  of  the  integrator  is  thus  a 
binary  word  representing  the  amplitude  of  the  voice  signal.  The 
integrator  could  be  an  up-down  counter  or  a digital  filter  equi- 
valent to  a leaky  integrator.  The  latter  has  been  chosen  as 
it  cancels  the  DC  drift. 
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The  voice  signal,  reconstructed  in  the  integrator  is 
then  digitally  filtered  to  remove  AM  quantizing  noise.  At  this 
point,  binary  samples  of  the  signal  are  available  at  A sampling 
rate. 

This  information  must  be  sampled  again  at  PCM  Rate 
(8KHz)  to  be  transmitted  on  the  PCM  line.  When  the  A sampling 
frequency  is  19.2KHZ  or  38.4KHZ,  intermediate  values  between  the 
samples  are  needed  and  they  are  estimated  by  a curve  fitting 
method. 


A binary,  linear  representation  of  the  voice  signal  is 
now  available  at  every  PCM  sampling  time.  This  linear  PCM  is 
then  compressed  into  a non-linear  7 or  8 bit  PCM  according  to 
the  remote  PCM  channel  bank  characteristics. 

To  illustrate  the  principle  of  the  A to  PCM  DDMC,  va- 
lues of  samples  found  in  several  points  of  the  circuit  are  shown 
in  Figure  2,  in  the  case  of  instantaneous  A modulation  at  19.2 
KHz.  It  is  to  be  understood  that  when  the  system  will  be  built, 
it  will  be  impossible  to  visualize  the  waveforms  of  Figure  1 
with  a scope  because  there  is  no  analog  voltage  to  represent  the 
samples.  All  the  conversion  is  made  by  means  of  digital  opera- 
tions on  binary  numbers.  Table  1 shows  these  numbers  and  their 
decimal  values.  The  sign,  in  the  binary  representation,  is  given 
by  the  first  bit  (1*+  ; 0*  -) . The  table  1 must  be  read  in  the 
following  manner: 

- time  is  increasing  from  top  to  bottom, 

-there  is  one  line  per  sampling  time. 

For  instance,  in  the  first  line  (first  period  considered)  the 
gain  control  circuit  receives  a A bit  equal  to  1 and  generates 
the  number  10100  (+4)  which  is  sent  to  the  digital  integrator  to 
give  10001.00  (+1.00)  and  so  on. 
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teiK  Control  Oiitfttt 


MfltAl  tnutrfttor  Output 


OlflMl  ruur  Output 


MultipltcAtlon  hf  X 


SwpUr  Ut  KM  MU  Output 


COMprutuor  Output 


t Period 


11001.00 

10101.00 

10111.00 

11000.00 

11010.00 

11110.00 

11100.00 

11011.00 

11001.00 

10101.00 

00011.00 

10001.00 


1000000.11 

1001001.00 

1010001.01 

1010101.11 

1011001.10 

1011101.01 

1100010.10  I 

1100100.11 
1100001.00 
1011011.00 
1010010.11 
1001001.11 
0000001.10 


*1000000.11 


•1010001.01 
PCM  period 
“ 5700* 
•1011001.10 


>1100100.11 


•1011011.00 


•1001001.11 


1101000+40 


1101100+42 


1110001+49 


1101101+45 


1011001+25 


Table  1.  Example  A to  PCM  Conve^6ton. 


The  incoming  compressed  PCM  word  is  expanded,  according  to 
the  PCM  system  characteristics/  into  a binary  linear  representa- 
tion of  the  signal  amplitude.  Linear  PCM  samples,  expressed  in 
binary  form,  are  therefore  available  at  PCM  sampling  rate. 

The  sampling  circuit  provides  estimates  of  the  signal  am- 
plitude at  A rate.  Intermediate  (between  two  PCM  samples)  samples 
are  estimated  by  a curve  fitting  method. 

Comparisons  between  these  samples  and  the  output  of  the 
digital  feedback  loop  determine  the  A sequence. 

The  feedback  loop  is  made  of  a gain  control  circuit  and  a 
digital  integrator  similar  to  those  of  the  A to  PCM  DDMC. 

Figure  3 shows  sample  values  in  the  PCM  to  A DDMC.  It 
illustrates  the  case  of  a converter  for  19.2KHz  instantaneous  A 
modulation.  All  the  comments  given  above  for  the  A to  PCM  DDMC 
are  still  valid. 
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5 MISSION  g 

^ 1 

5 Rome  Air  Devebpment  Center  ^ 


RADC  is  the  principal  AFSC  organization  charged  with 
planning  and  executing  the  USAF  exploratory  and  advanced 
development  programs  for  information  sciences,  intelli- 
gence, command,  control  and  communications  technology, 
products  and  services  oriented  to  the  needs  of  the  USAF. 
Primary  FADC  mission  areas  arc  communications,  electro- 
magnetic guidance  and  control,  surveillance  of  ground 
and  aerospace  objects,  intelligence  data  collixtion  and 
handling,  information  system  technology,  and  electronic 
reliability,  maintainability  and  compatibility.  RADC 
has  mission  responsibility  as  assigned  by  AFSC  for  de- 
monstration and  acquisition  of  selected  subsystems  and 
systems  in  the  intelligence,  mapping,  charting,  command, 
control  and  communications  areas. 
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